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(54) A filter and system incorporating 
the filter for processing discrete 
samples of composite signals 

(57) A system for processing discrete 
digitized samples (at a frequency nfc, eg 
3fc) representing composite signals uti- 
lizing a comb filter which eliminates a 
periodic signal component (at a fre- 
quency fc) from the composite signal. 
The filter receives and stores (eg by 
meansr of sample period delays 
50,52,54) consecutive samples and, for 
each received sample provides (eg by 
summing the delayed samples and then 
division 51,53,57) a digital average rep- 
resentation of the values of such a 
number (eg 3) of the received samples 
that gives a zero average value of the 
periodic signal component. In one 
embodiment of the signal processing 
system, the filter is arranged in circuit 
with digital delays and digital signal 
combining and differencing circuits to 
form a digital color television signal 



dropout compensator, which is ada pt- 
able for use in NTSC, PAL, PAL-M, or 
other television standard systems. In a 
dropout compensator adapted for 
NTSC color television signals, the filter 
receives the digital composite televi- 
sion signal and eliminates the chromi- 
nance component therefrom, leaving 
only the luminance component at its 
output. Afollowing digital subtractor is 
coupled to subtract the luminance com- 
ponent provided by the filter from the 
received digital composite television 
signal and provide the chrominance 
component at its output. The separated 
chrominance component is phase ad- 
justed on consecutive television lines 
and recombined with the separated 
luminance component provided by the 
filter for substitution in the television 
signal in place of the dropout affected 
portion thereof. The dropout compen- 
sator also includes a digital delay of one 
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horizontal line period through which 
the television signal components are 
passed to provide the delay necessary 
for substituting television signal infor- 
mation from a prior horizontal line. 
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SPECIFICATION 

Afirter and system incorporating thefilterfor processing discrete samples of composite signals 

roiatee to a filter for processing composite signals and a dropout compensator 5 
5 The present mention ^J^^^ a fj|ter for processing digital representations of compos.te signals 
utilizing the filter and, more particularly, to am w v seDarat Tna components of a composite signal, 
and a digital dropout compensator S des Sble to separate various sig P na« components 
In systems for processing ^P^'te signals, jt : is otren ae ^ processed components into a 

into different signal P^^^^^^^^^^ZS^ signals composed of 10 
10 composite signal form for n ^^ e ' ^^^nerally, comb filters are known as multiple bandpass 
different frequency ~ m P°™* a ™ J^enS bands and to reject signals outside the selected 
filters designed to pass s.gnals of f' e ^ d .^^® n r %, e ^ ion signals comb filters are widely utilized for 
• frequency bands. For example, in P^ 8 ^^« J^ 81 ^ c ' omb fi|ter produces the desired 

separating the luminance and ^rommance^^^^^^^ color television signal and , 5 

15 separation by processing d,screte digitized ^^^^^^^ horizontal lines of the same 
\ providing a weighted average of three sarn p^ 

Seld at vertically aligned f^^^^^^^^S^ior digitally encoded signals. 
While this method is apphcab e to *7'^^^ at a known sampling frequency, 

since these typically ^f^^lZ^ elements often requires selection of specie. 

s— StesoTs^ 
ToS^ 

differs in phase on ^^^^^S^S^!^ digital signal processing systems for such 
degrees; and, in PAL and PAL-M systems, .1 ^» a multiple of the subcarrier signal 

television signals utilize a samphng ^^"^S^^^ to locations of vertically aligned 
frequency. To obtain samples line-to-line phase adjustment 

picture elements the af orementione [*^"™™™™ ndlng Z locations of vertically misaligned picture 
of the sampling of the television signal " samples corre po " 9 ^ ati samples 

elements are comb filtered, picture distortion results. As an £»"?P"' te|ev , sIon fi ; ld raster is described in 
corresponding to vertically ^aligned I picture to the complexity of the 

U.S. Patent No. 4,075,656. V^^^^^S!^^ * prior digital comb filter circuit suitable 
overall system for processing dig*zed color telewsion signs ^ P cQmb mef . sujtable for 

for NTSC systems is described in U.S. Pat e _nt No- ^43,391 3 w n. le WP provided with further 

NTSC systems, the specific embodiments described in the 4,1 43,396 patent P ^ 

processing circuitry for other ^J^^J^^J^^^ problems in obtaining samples 
chrominance compone^^ 

corresponding to locations ot vertically a "9"« h pvamn les of television signal processing devices in 

Colortelevision signal dropout compensators ^^^^i^A J ized in sys temsfor 
which the above problems are en ^^ °^°^^rdiog and reproduction, to replace a deficient 
processing color te|ev = 

or missing portion of the color te eyision ^s g d iminutive defects of the recording medium, 

unpredictable instantaneous malfunction ° f * e system or to a disturbance s in the displayed 

When such dropouts occur in the television sgnal .they seen by the viewer, 
picture. Dropout compensators reduce disturbing , effect of Wut Y whjch the 

Most prior art analog dropout compensators employ an R**™* °P° norm ally applies the incoming 
amplitude level of the modulated television signa %™£™%ZZ£. Tteiay line is arranged in the 
continuous television signal to an o"*"" 8 ™^ and an input terminal of 

television signa. path, for example :be JJ^^^r «^ J.rinitt«rmlnal of the -wteh. Wh«i a 
the switch or between the output terminal of th « ' co ^P en o ^° ol|ed , P the delayed signa | to the output 
drop in the R.F. envelope level « detected \ the ^swrtclr is contro 1 pp y ^ jcjent 

55 ^^^^^la^^wa^^^^O'^^^^^^^^^^^^^'^^^^^^^ described in the U.S. Patent No. 

2,996,576. „«.„*„«= •■tiii 7 »H in colortelevision systems which separate the 

There are known analog dropout c ° m V e " sator *"^™* Smminanw wmponents, delay the components 
continuous colortelevision signal into the ,um !" an ^ h ^ m ? a nce 'i" est0 assure 

by one or two television line periods and .nvert the *™'""J" JoTsignaL However, in color television 60 
60 itspr p r phase when substituted for a dropout in the ^J^SSSdigftal combfllt«i«fcr 

systems in which the signal is in the form complex signa. proc ssing 
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Tape Recorder, Theory of Operation", Catalog No. 18009179-01, published by Ampex Corporation, 
November, 1977, pages 9-10, 9-14, 9-20 and 9-77 to 9-92. This particular dropout compensator replaces 
individual digital samples of data or an entire line of data with the corresponding data from an earlier 
occurring line of the same field. The dropout signal to be substituted for the deficient information is stored 
5 alternately on a line-by-line basis in one of two 256-bit shift registers forming a two-line delay circuit While 5 
the data for one horizontal line is being written into one of the shift registers, the data from two lines earlier is 
being read out from the same shift register. In this latter application, the chrominance and luminance signals 
are not separated for processing. However, the color television signal information replacing the dropout 
signal is delayed by two lines of the same field. The interlacing property of typical television signals results in 
10 the delayed signal appearing in the display of the television signal at a location four horizontal line positions -jq 
away from its realtime position. In some cases, the display of the dropout compensated signal is quite 
disturbing to the eye, especially, if sharp vertically-oriented patterns are represented on the screen. Such 
vertically-oriented patterns will be horizontally displaced in the dropout compensation lines relative to the 
adjacent undelayed lines. 
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Summary of the invention 

It is an object of the present invention to provide a system for processing composite signals represented 
by discrete samples and having recurrent intervals of similar information content to separate the 
components for further processing and subsequent recombination to reconstitute an altered composite 
20 signal. 20 
It is still a further object of the invention to provide a dropout compensator for color television signals 
represented by discrete samples, in which compensator the dropout affected luminance information is 
replaced by luminance information preceding the dropout affected line by one television line and the 
dropout affected chrominance information is replaced by chrominance information preceding the dropout 
25 affected line by one or two television lines. 25 
It is another object of the invention to provide a filter circuit for eliminating a selected frequency 
component from a composite signal represented by discrete samples and having recurrent intervals of 
similar information content, by combining consecutive sample representations of the composite signal 
within the same recurrent interval which define a zero average value of the selected frequency component. 
30 It is another object of the present invention to provide a filter for separating components of a composite 30 
signal represented by discrete samples and having recurrent intervals of similar information content, which 
filter does not require samples taken of the same phase positions of the recurrent intervals of the composite 
signal. 

It is still another object of the invention to provide a filter circuit of the comb filter type for eliminating 
35 selected harmonically related frequency components from a digitized composite signal having recurrent 35 
intervals of similar information content by combining consecutive digital representations of the composite 
signal within the same recurrent interval. 

It is a further object of the invention to provide a digital filter for separating a selected periodic signal 
component of a known frequency which is symmetrical with respect to a signal crossing axis from a digitally 
40 encoded composite signal. 40 
It is a further object of the invention to provide a simplified digital dropout compensator suitable for use in 
color television systems for various television signal standards, in which compensator the luminance 
component is delayed by one horizontal line period and the chrominance component is phase-adjusted to 
have a known predetermined phase with respect to that horizontal line period for which the dropout 
45 compensation is provided. 45 
The foregoing and other objects, features and advantages of the present invention will be apparent from 
th following detailed description thereof, herein taken with reference to the accompanying drawings. 

Brief description of the drawings 
50 Figure 7 is a block diagram of a preferred embodiment of the filter circuit of the invention. 50 
Figure 2 is a block diagram of a preferred embodiment of the filter circuit of the invention. 
Figures 3a and 3b are graphical representations of the generation of digitized samples processed by the 
embodiment of the filter circuit of the invention illustrated by Figure 2. 
Figure 4 is an example of a frequency characteristic of the embodiment of the filter circuit of the invention 
55 illustrated by Figure 2. 55 
Figure 5 is a graphical representation of the generation of digitized samples processed by an alternative 
embodiment of the filter circuit illustrated by Figure 2. 
Figure 6 is a block diagram of an alternative embodiment of the filter circuit of th invention. 
Figure 7 is a graphical representation of the generation of digitized samples processed by the embodiment 
60 of the filter circuit of the invention illustrated by Figure 6. §q 
Figures 8 to 12 are block diagrams of various preferred embodiments of the dropout compensator of the 
invention utilizing the filter circuit of the invention. 

Figures 13a to 13h are consecutive parts of a detailed circuit diagram of the filter circuit embodiment 
illustrated in the block diagram of Figure 8. 
65 Figures 14 and 15 are block diagrams of embodiments of the dropout compensator of the invention 65 
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utilizing the filter circuit of the invention and arranged for compensating PAL and PAL-M color television 

81 Ralfr'es 16a and 16b are consecutive parts of a detailed circuit diagram of an alternative memory address 
generator embodiment for use in the dropout compensator illustrated in Figures 8a to 8h to adapt the 
5 compensator for PAL color television signal applications. 

#™II2«JSm utilization of the filter in systems for processing digital composite signals. 
10 ° Z finer o ? ne ££XmS£ «- a typeof digital comb filter constructed to process a digital type 
JJSite ^information signal including two or more frequency components. By the filter of the present 
composite information s^gna « composite information signal are eliminated by filtering. 

• ^^S|S»i«-«- information signal is referred to herein as the composite signal. 
T^e XaSpe signal to be processed may be obtained, for example, by sampling a composite analog 
The digital type signal to w frequency and phase-locked to the selected frequency 

15 s.gnal utilizing a ""P^^SS^^j;,, b e described nereinbelow. Digital representations of the 

• component " » ^^Sv£ each sample representing a discrete amplitude value of 
t r£mVosi£ ZZ stgol^Zenll or encodes it into a suitab.e digital code, such as an NRZ code. 
SfeseXl represenSns of the samples are combined in the filter of the present invention ,n such a 
These digital represemax eriodic symmetrical signal components, each having a known nominal 
f7e a a n uencv are ZZZZ^Tttecornposl signal. More specifically, the filter of the present invention 
frequency, a^reeimmaie consecutive samples representing the composite signal from 
wScn^ or mo" perioof stna.'omponents are to be removed by the filter. The filter continuously 
^bin« 'selected number of the received samplesto provide a digital average representation of the 

25 valuta tne f combinedTamp.es which define a zero average value of the selected penod.c s.gna. 

^^^am^to^M***™ of digital storage devices, such as delays, and arithmetic circuitry 

Saveraae representation of the values of a selected number of received samples. The number of 
digital average reDrese """ _ . interval which provides a zero average value of the portion of 

30 ra^raStT <o **" a ! "T™" " ? '"TTZn 

the averageo aigiia. s*. y v ODera tion of the combination of digital storage and arithmetic means 

JoromXTna X^JMS^ES* obtain a running digital average representation of the values 
nerao ^fsl^^d byTclocksignal that has a frequency which is synchronized and equal to the frequency 
thereof is comroiiea cyo JJ . . fjlt A wj „ bec ome more apparent from the following 

35 at wh ch > the * am P ,as a ;° ^^^^^^^^^ is the capability of the filter to filter out or eliminate 

description, an m ^^^^% t ^^ w "J a f a composite signal transmitted to the filter at an 
selected ^J^^^^^T^^LooXi of the present invention, the frequency of the 
%2!££ ignal " u ^BKS-V with thTvarying rate of receipt of the digitized samples by the 

40 filler Of cfursera stable frequency clock signal is provided to the filter in those applications where the 

rhrom nanc anal component from a composite analog NTSC color television s.gnal. Typically, the 
chrominance s.gnar pompon containing randomly varying t.me base errors. In 

composite ^color tension "O^JJJ a J a « « ^ , fjrst js converted to a binary coded digital signal 
45 accordance with 1 J« P^^^i^JJ^, and arithmetic circuitry to remove the selected frequency 
and then « P^*""£ th e analog composite color television signal received at an input terminal 80 
component. Mo e spe ciflca ly, ™ ana, °^^ r 81 ^ si na , proce ssor 81 is a conventional arrangement 
is coupledto^^ P uch gs t(me bgse correctors , that amplifies 

so Se rece ve2 M %o£T™C. r^ora«L and separates the vertical field and horizonta. line 
svnohronTzfng ^ components (vertical and horizontal sync) as well as the color burst synchronizing 
S ' t restively, from the composite signal. The above-indicated respective synchronizing 
components ISSSSrt^ utilized in the following signal processing for synchronized purposes The 
components are men t h output of the signal processor 81 is coupled to an input of an 

ana og ^^J^^^^So^Sodm or converts the analog signal to a binary coded signal. In 

s ign?.issamp.edatarateo™ 

bitsTn "SS^^SSZ!S^^b\17 MHz sampling clock signal that is substantially coherent 
«n 2?h thfs 58 MHz ch ominance signal component to be filter d from the composite television s.gnal , S 
rmolo^ed to dock converter 82 to effect the sampling and quantizing of the composite analog 
S^y 0 J!fTXi 10? MHz clock signal is generated by a sampling clock signal generator 83 from the 
Star bure horizontal line and vertical field synchronizing compon nts obtained from a television 
synchronizing ?3S?leSr«ior included in the signal processor 81. While small phase variations may be 
65 ^S^SS!S£^n of video information following the color burst interval due to velocity errors and 
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the like, particularly, when such signals are obtained from video recorder television signal sources, such 
variations are so small that they can be disregarded and the 10.7 MHz clock signal can be considered 
coherent with the 3,58 MHz chrominance signal component for purposes of the invention described herein. 
Some television signals contain a continuously available pilot signal. In those cases, the pilot signal may be 
5 used to generate a 10.7 MHz clock signal that is truly coherent with the 3.58 MHz chrominance signal 5 
component. 

The A/D converter 82 resoponds to the 10.7 MHz clock signal provided at its clock input terminal by the 
clock signal generator 83 and a clamp control signal provided at its clamp control input terminal by the signal 
processor 81 to provide at the output of A/D converter 82 the NRZ digital words representative of the input 

10 analog television signal. The 8-bit NRZ digital words provided by the A/D converter 82 are applied over eight -jq 
parallel lines 84 to the filter circuit 2. 

The circuit details of the signal processor 81 , A/D converter 82 and clock signal generator 83 are not shown 
or described herein as they are identical in their design and operation as those incorporated in the Ampex 
Corporation TBC-1 digital time base corrector. More specifically, the schematic diagrams of those circuits are 

15 shown in the catalog number 1809274-02 published by Ampex Corporation in November, 1977. Thespecific 15 
circuitry for the signal processor 81 is shown in schematic drawing No. 1406103A appearing on page 29/30; 
the A/D converter 82 is shown in schematic drawing Nos. 1402409B and 1401312, respectively, appearing on 
pages 37/38 and 43/44, respectively; and the clock signal generator 83 is shown in schematic drawing No. 
1402337 appearing on pages 49/50 and 51/52. 

20 If the digitized television signal is coupled directly from the A/D converter 82 to the input of the filter 2 20 
without further alteration of the data rate, as in the embodiment illustrated by Figures 1, 2 or 5, the 10.7 MHz 
clock signal generated by the clock signal generator 83 is also coupled to the filter 2 to clock the filter's circuit 
elements or means utilized in the processing of the composite digitized television signal to remove the 
selected periodic signal component. However, if a reclocking or buffer circuit means (not shown) is placed in 

25 the signal path between the A/D converter 82 and the filter 2 to alter the data rate of the digitized television 25 
signal before coupling it to the filter, for example, as would be necessary to synchronize an unstable digitized 
signal to a frequency stable reference, a corresponding frequency stable reference clock signal would be 
employed to clock the filter's circuit elements. Of course, the frequency stable reference clock signal would 
be generated to have the same frequency and synchronous relationship relative to the reclocked selected 

30 periodic signal component as described hereinabove. 30 
The 8-bit digital word output signal from the analog-to-digital converter 82 is applied to an input of the 
filter circuit 2 of the invention via connecting line 85. Generally, the filter circuit 2 of the invention comprises 
a cooperative combination of circuit elements, which in the preferred embodiment of Figure 1 are shown as 
delay means 84, signal combiner means 86 and signal divider means 87. As it will be described in more detail 

35 hereinbelow, the filter circuit 2 receives consecutive digital samples from the above-indicated A/D converter 35 
and delays and combines them to provide a digital average representation of the values of the combined 
samples by processing a selected number of samples representing the analog color television signal 
received at the input terminal 80. The number of digital samples combined to provide the digital average 
representation is selected with respect to the relationship between the clock signal frequency and frequency 

40 of the selected signal component to be eliminated by the filter in such a manner that the digital average 40 
representation at the output of the filter represents an average signal value of the composite signal and, at 
the same time, a zero average value of the selected frequency component. 

Now, the operation of the filter circuit 2 of Figure 1 will be described in general, followed by the description 
of the specific preferred embodiments shown in Figures 2 and 5, respectively. The delay means 85 receives 

45 the consecutive digitized samples from the A/D converter 82, and it delays or stores each sample for a 45 
predetermined number of sample intervals so that a selected number of received samples are 
simultaneously accessable for arithmetic combination. In the preferred embodiments of the filter circuit 2, 
the delay means includes a plurality of parallel signal transmission paths having signal delay elements that 
provide different transmission times between the input and output of the delay means for each received 

50 sample so that the selected number of different received samples are simultaneously provided to the signal 50 
combiner means 86. The selected number of delayed samples transmitted through the delay means 85 are 
applied via respective connecting lines 89 to associated inputs of the signal combiner means 86. The signal 
combiner means arithmetically combines selected samples and provides at its output a digital representa- 
tion of the value of the combined samples. The digital representation is applied to an input of the signal 

55 divider means 87 via connecting line 90. The signal divider means 87 divides the combined sample valu to 55 
provide at its output 91 a digital average representation of the values of the combined samples. The number 
of samples combined, the arithmetic combinational factor and the divisor are selected so that the signal 
provided at the output 91 of the filter circuit 2 is a digital average representation of the values of the 
combined samples that defines a zero average value of the selected frequency component. In this manner, 

60 the selected frequency component is eliminated from the composite signal by the filter circuit 2. Now, 60 
preferred embodiments of the filter circuit 2 shown in Figures 2 and 5 will be described. 

The filter circuit of Figure 2 provides a digital average representation of the values of three consecutive 
digital sample representations, S v S 2 , S 3 , received in succ ssion from, for example, an A/D converter, such 
as shown in Figure 1. The filter circuit of Figure 2 utilizes a cascade combination of digital devices, including 

65 registers, binary adders and a divider, arranged to f rm three parallel transmission paths of different 65 
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• • ♦ imoc fnraachofthereceivedsamples.EachconsecutivesamplegeneratedbytheA/p 

transmission , s CO upied by the eight parallel connecting lines 84 to an input of a clocked 

converter 82 shown ,m Figure 1« couple y g ^ ^ 82 gnd tne filter cj it 2 The 

reg.ster 49. ^*%™*%™^™ 9 d samp ,es through the resistor 49, as well as through other cloc ed 
propagation of the ^° , |'™!^ tro , led ty the 10.7 MHz clock signal generated by the clock s.gnal 
5 devices of the filter ^^^iZZectlng line 88. The output of the register 49 is coupled by lines 
generator 83 (Figure 1 > and I provide d ov « con ne g bq . g by the m? MHz 

' I° TsS °o reSTthe SE^a^?- *• 8* **■ **~ t0 its by the C '° Ck f " 

clock signal to receive tn e^° , k , re | a tive to the time the sample appears on lines I 

and ^lays each received^ register 50. The output of register 50 is coupled by 
, o coupling the output of ^^'^^S 8 ^ 51 . Adder 51 is an arithmetic device of the type that 
connecting lines II to a second nput o the wc. ^ ^ ^ ^ , gnd „ 

provides f^^JSSSSXSSSSS^ delayed sample received from the register 50 to the next 
' Therefore, adder 51 adds eacn one r jd a running sum of two consecutive samples output 

consecutive sample received from 

! 5 by the A/D <? nve « e ^ sig naf present on line 88 to receive the sum of two 

* connecting lines III and is clocKeo reoisters 49 and 50, the register 52 provides a delay of 

consecutive samples P h rov ' m ^ 5I. The output of'the register 52 is coup.ed by 

one clock cycle «^^XSo^3** adder has itsfirst input coup.ed by lines .to 

connecting lines IV ^ a secondjn^ot sn ^ ^ ^ connectjng , jnes v coupled t0 its 

20 receivetheconsecutivesa^ 
output the sum of its inputs 

consecut.ye samples P^J^^j^J 57 has its input coup.ed to the output V of adder 43 via a 
the output of the adder 53. A . rtoew ee e sum Qf three consecu t, ve samples, 

preceding register 54 and ^^ e " *7 djvide Y r 57 (or registe r 56 in the filter circuit embodiment arranged 
25 The r g.ster 54 ^med.ately P r ^°^ utilized to reclock the bits forming each averaged 8-b.t digital word 
to av rage four Mn **^ "S?q or transients that may be present in the averaged 8-bit digital word. Bit 
and, thereby, remove any b " s *^ 

skewing is caused by small dlffere ^ ,n .^.Through the filter circuit. Transients are generated by 

30 active circuit elements ^J^* 3 *^,™^^ the preferred embodiments of the filter circuit 2 are 

changes atthe.r inputs The ^s emp oyed jt P ^ ^ ^ jn ^ |Qgjc of tnesigna , s at 
examples of such c.rcu its Jements tn« y sters 4g 5Q and 52 a|so perform a re clock.ng 

Sonro^^ 

35 preceding the divide, -Si J can be data received at its input by oneclock 
Each a»*^ l ^ , *^£S^^ B Sthe registers and dividers because the digital sample 
cycle. ™*£Z^ 1 S^ l ££% not appear at their outputs until after the devices have been 
repr sentatoons present a t the. . ' n P u < ^ h c|ocking , eac h sample proceeds along the series 

clocked by the and divider devices only in steps of one device per clock cycle. 

40 circuit paths defined 9 b V , at its input branch into three different signal transmission paths 

,nthef.lterc,rcu.t2 ^ 

to the output 91 o ,the 7f; h °' ^"' JJU siqnal with the transmission time through the longest s.gnal 
multiples of thepeno^ 

transm.ss.on path b «"8 ^^^'i^ s P s j on tim e through the signal transmission path of intermediate 
45 fig"altransm,ssio^ 

• length being one clock signal penou '""« . . . between t he connecting lines I and the output 91 of 
transmission path. Th« .shortest signal ^SSSSbfS!^^ 54 and the divider 57. The register 54 
the filter circuit 2±" clud f o?one clock signal cycle each in the signal 

* '^th SK^X S^TinsI transmission path has an overall signal transmission 
50 transmission path. Conseque ™Y»™» reaist er 54 and divider 57 are common to the three signal 

£n^ 

paths must be intermediate length between connecting lines I and the 

The portion of the signal t jn»" 52 As described hereinabove, the 

55 add r53.nc.ud sa^ 

register 52 introduces a propagation u y dj , th prov i des a signal transmission delay 

Consequently, the signal transm.ss on P^^^f^^^ of the add r 53 of one clock signal 
between lines I and the connecting lines iv - «up«. « u„ . ~~ - - sjgna| 

transmission path 

cycle, which is on cycle longer thani the delay th rough the portion ottn s J 52 |desdat8 at tbe 

SO between the lines , f period earlier by the 

second input of the adder 53, a sam P' e ™f ™ a **. . of tne adder 53 over connecting lines I. 
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the lines ! and the connecting lines II coupled to the second input of the adder 51 is on clock signal cycle, 
which is one cycle longer than the signal transmission delay through the transmission path of intermediate 
length. Thus, at the same time that a sample is coupl d by lines I to th first input of the adder 51, a sample 
generated one sample interval or clock signal periods earlier by the A/D converter 82 of Figure 1 is provided 
5 at the second input of the adder by the register 50. Therefore, the longest signal transmission path provides a 
signal transmission delay between lines I and the output of the filter circuit 2 that is two clock signal cycles 
longer than that provided by the shortest signal transmission path. 

The filter circuit illustrated by Figure 2 provides an average of three consecutive samples. Jf it is desired to 
provide, for example, an average of four consecutive samples, an additional adder 55 and ciocked register 56 

10 are added to the filter circuit 2, coupled in cascade between register 54 and divider 57, as shown by dashed 
lines. In this modified filter circuit, the divider 57 is a divide-by-four divider. For each additional sample 
averaged, an additional adder and register are coupled in the filter circuit of Figure 2, preceding the divider 
57 in the above-described manner, and the divider is implemented accordingly. All the above digital devices 
ar commercially available conventional devices, as will be appreciated upon consideration of the detailed 

15 circuit diagram of Figures 13a to 13h. The operation of the filter circuit of Figure 2 will be described now with 
respectto particular circuit locations indicated I, II, III, etc., and as indicated in TAB. 1 below. 
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Time 
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II 


111 


IV 


V 


VI 


VII 


1 
















2 


s 2 


s, 


s-,+s 2 










3 


s 3 


s 2 


S2+S3 




S1+S2+S3 






4 


s 4 


s 3 


S3+S4 


S2+S3 


S2+S3+S4 


S1+S2+S3 




5 


s 5 


s 4 


s*+s 5 


S3+S4 


S3+S4+S5 


S2+S3+S4 


1/3(S 1 +S 2 +S 3 ) 



As shown in TAB. 1, each consecutive sample clocked to the output of the register 49 is received 
simultaneously over lines I at respective inputs of register 50, first adder 51 and second adder 53, as well as 
any further adder, such as 55, present in the circuit. At a first clock time 1 , register 49 is clocked to place 
sample Si at its output, which is coupled by lines I to the input of the register 50 and first input of each of the 
adders 51 , 53. Because of the clocking of register 49, sample Si does not appear at its output on lines I, 
hence, at the inputs of the adders 51, 53 and register 50, until after the clocking of the registers and dividers. 
Consequently, sample Si is not clocked at this time through register 50 to the connecting lines II extending to 
the second input of the adder 51. Each adder 51, 53, however, immediately responds to the receipt of a new 
digital sample representation at its input, such as the appearance of sample S<| on lines I, to couple to its 
output the sum of the new digital sample representations as its inputs. While the sample S 1 is present in the 
summed outputs of adders 51 and 53, such presence occurs after the clocking of the following registers 52 
and 54; and, therefore, the sample S-, is not clocked through the registers 52 and 54 during clock time 1. 

At the next clock time 2, sample S 2 is present at the input of register 49. Each of the reg isters 49, 50, 52, 54 
and divider 57 is clocked to effect the transmission to their respective outputs of the data when present at 
their respective inputs, which occurs an interval after the onset of the clocking. As a result of the clocking, 
sample S 2 appears at the output of register 49, hence, on lines I extending to the inputs of the adders 51, 53 
and register 50; register 50 transmits the previous sample S-, from its input to its output, hence, connecting 
lines II extending to the second input of the adder 51 ; the summed samples appearing on connecting lines ill 
coupled to th input of register 52 are transmitted to the output of the register and placed on connecting lines 
IV extending to a second input of the adder 53; the summed samples appearing on connecting lines V 
coupled to the input of register 54 are transmitted to the output of the register and placed on connecting lines 
VI extending to the input of the divider 57; and the summed samples appearing on connecting lines VI 
coupled to the input of the divider 57 are divided by three and the divided output is transmitted to the 
divider's output and placed on connecting lines VII. Following the aforedescribed clocking of the registers 
and divider, both adders 51 and 53 provide the new sample sum on lines 111 and V respectively coupled to the 
outputs of adders. 

At the next clock time 3, sample S 3 is present at the input of the register 49 and the registers and divider are 
clocked to transmit the sample sum then present at their respective inputs. As a result, adder 51 receives 
sample S 2 from the clocked register 50 and sample S 3 over lines I from the clocked register 49 and 
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• i ™,iH« the sample sum S 2 +S 3 on lines III connected to its output. Adder 53 receives the 
^T^iTsX^^oZHe docked register 52 and the sample S 3 over lines I from the clocked 
sample sum S, + S 2 over lines _ on Ijneg y connected to lts outpu t. 

register 49 and '^"^^S^S^xl^ouMli provided at the output of the adder 53 to lines VI 

5 connel^ the diVid6d SamP,e t0 " neS V " COnneCtSd t0 " S 

output. . „ o* m nio<? i=nresent at the input of the register 49 and the registers and divider are 

Atthenextclockt.meAsa^ 

again clocked to transm * ^ ™£j£J ™™ th P e clocked regist er 50 and sample S 4 over lines I from the 
adder 51 SSSSS^IK *S sample sum S 3 + S 4 on lines III connected to its output. 

1 0 clocked register 49 and respons.veiy pru clocked register 52 and the sample S 4 over 

Adder 53 recerves the ^g^^^^^SS^k samp.esum S 2 + S 3 + S 4 on linesV 
lines I from the clocked reg J^J^JS transmits the sample sum S, + S 2 + S 3 on lines VI connected to 

1 5 lines VII connected to * s °"*"*\ . t at the input 0 f the register 49 and the registers and divider are 

. At the next clock time J ""JS present i their respective inputs. In the manner described 

again clocked ^^^^usW^ed samples, adder 51 places the sample sum S 4 + S 6 on the 
hereinbefore with respect to P™«°™^™ h ple sum s 3 + S 4 + S 5 on lines V coupled to its output, 
lines III coupled to its output, adds 53 .places th .sample 3 4 ^ djvider g? 

20 register 54 transmits .the ^ample + ^+ ^JJi'Z. V.i coupled to its output, the digital 

transmits the divided samples. For each subsequent 8-bit digital word 

representation of the converter 82, the adders, registers and divider cooperate to 

sample ^^^^^^^^^ divider 57, the digital average representation of the 
prov.de on lines VH, ~ n "*^*? ™Y^ D , es whereby a running digital average representation of the . 

25 Talueso™ 

selected periodic frequency c ° m P°"^ of amplitude v at frequency f , 

30 The periodic frequency ^^^i^^ *. periodic signal component. According 

is sampled at a frequency 3f by a ?™* s J*™"™ samDlin g frequency should be higher than twice the 
to the we..-known Nyqu«t ^JjjJ^i^S^T,,. sampling points on wave v are 
highest frequency of the sampled comp ^ ^ ^ ^ represente prt lar 

designated V,, V 2 . V 3 , V* etc and ar 9 average vo|tage vg|ue ^ jg oMa|ned f eacn 

35 amplitude value of the sine .wave. Jn tn.s p . n combined amplitudes of three consecut.ve 
consecutive sample rece^ 

S3 T 'SlSd ^tmote bv reraging each sample with a given number of its immediately precedmg and 

va,us - L < of each sample ' v ' is given by the equat,on: 



40 



— (v 1 +v 2 ...+v n ) (1) 
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45 where n is a known integral number of the samples averaged. Specifically, when averaging three 
consecutive samples: 

50 L 3 = > 1+ V 2+ V 3 ) (2) 

m «tr, M i nrooerties of sine wave signals with respect to a signal crossing D. C. axis, any 
Because of the ^^£^ n < ££ p ^ samples which define an integral number of signal 
55 average value U obtained Dy ave ^ ^ S equation (1) wi „ be zero. This is true for any integral number of 
cycles as 'described ££Z£XZZ£ sine wave period and regardless of the phase points atwh.chthe 
averaged samples, ^A^pha^ relationship between the sine wave and sampling clock signal, 
sine wave ^ ^npM sig J or c | ock signal employed to control the ar.thrnet.coperat.ons 

Furthermore because ^ e mer , frequency and phase-locked to the periodic signal 

60 performed by the filter .s ^ at the . npui to m invention, the filter may be utilized, for 

asresul^g^mamajetic^ 

65 JZZX^S^*^ S 3b - E « uispaced samp,ing points 1 ' 2 - 3 and 4 of f requency 3f 
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are shown displaced byT/3 - 120 degrees with respect to the sine wave period T = 360 deg res. There is an 
arbitrary phase differenc between the wave, w, and the sampling clock signal; represented by sampled 
points 1, 2, 3, 4, etc. The sine wave w may be generally defined as: 

5 

w(t) = Asin(B-C) (3) 

where C is the arbitrary phase difference between the sine wave w and the sampling signal, and A is the 
10 amplitude. 

Equation {3) may be further defined as: 

Asin (B - C) = At cos B + A 2 sin B ( 4 j 
15 At = - sin C ( 5) 

A 2 « cos C (6 ) 
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When substituting particular amplitude and phase angle values for A 1# A 2 , and cos C and sin C, 
20 respectively, into the above equations (3) to (6), the sum of any three consecutive samples equal's zero, and, 20 
thus, any average sample value U as indicated in (1 ) also will be zero. The zero average values are plotted as 
Li, L 2 , L 3 , etc., in Rgure 3a and as 1 2', 3', etc., in Figure 3b. It is seen from both Figures 3a and 3b that a full 
cycle of the selected signal component of the kind defined by equations (2) and (3) has equal and identical 
portions extending above and below a signal crossing D. C. axis. Consequently, the average D. C. value of 
25 that signal component is zero. An integral number, n, of samples which define a time interval equal to an 25 
integral number, N, of one or more cycles of the selected periodic signal component to be eliminated by the 
filter circuit 2 comprise an equal number of "positive" and "negative" value samples whose average value, 
U,, equals zero, that is, the summation of the values of samples from above the D. C. axis is cancelled by the 
summation of the values of the samples from below the D. C. axis. In otherwords, an integral number of 
30 samples defining one or more integral cycles of the selected signal component have complementary 30 
amplitude levels above and below a signal crossing axis, which yield a zero average value. This is true 
regardless of the phase points at which the signal component waveform is sampled, as it follows from the 
foregoing description. 

The filter of the present invention is a type of comb filter which eliminates signals having frequencies 
35 coinciding with the notch frequencies defined by the filter's response characteristic, such as illustrated in 35 
Figure 4. The filter can be constructed and operated to remove any one or more harmonically related signal 
components included in the digitized composite signal coupled to its input, with the number of harmonically 
related signal components removed depending upon the frequency of digitized samples at the input of the 
filter and the number of samples averaged by the filter to generate the running average value output. The 
40 low st order signal component removed by the filter of the present invention is defined as having a 40 
frequency 

45 f min -Jz^L- ( 7 ) 45 



where fsampi is the sampling clock frequency defined inequation (1); and n is the number of samples taken 

50 for averaging as defined in equation (1 ). The diagram shown in Figure 4 depicts the frequency components 50 
eliminated by the filter of the present invention. As it is seen, the filter of the invention has a first notch at a 
frequency f min defined by equation (7) and it has further notches at higher integral multiple frequencies of 
fmin- Consequently, the highest order signal component removed by the filter is one having frequency equal 
to an integral multiple of the lowest removed component fmi n and which is contained within the frequency 

55 band of the filtered composite signal. However, in applications where it is desirable to remove only a specific 55 
selected frequency component from a wideband composite signal, the sampling frequency fsampi (or filter's 
clock signal frequency) is selected such that the frequency of any other component included in the 
composite signal does not coincide with the notch frequencies of the filter. 
In the embodiment of the filter circuit 2 illustrated in Figure 2, the sampling clock frequency and filter's 

60 clock frequency have been chosen as an integral multiple of the selected frequency component to be 60 
removed. However, the filter circuit 2 can be modified to process digital sample representations provided at 
a sampling fr quency which is a rational fractional multipl of the selected frequency component to be 
eliminated from the composite signal; a sampling frequency equal to 2.5 times the selected signal 
component frequency being selected as an illustration of this embodiment. With such a sampling frequency, 

65 two and one-half samples are obtained for each cycle of the selected periodic signal component and five 65 
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• h nvflr two full siqnal component cycles, as shown in Figure 5. To obtain an average 

Sel^ 
^ntajonisgenera^edon 

To prov.de a "J^^^JS^Snpommt to be eliminated from the composite signal, thefilter 
5 a rate of 2.5 i times the ■J^™* 1 ^ two additional parallel signal transmission paths betweenthe 
circuit2ofF 1 gure2,smod^ 

connecting lines I and the i input : of tti ea« 56 illustrate d by dotted lines in Figure 2. The second of the 
lines I, the adder 55 and the .clocked re p'^ b ™, tn extension of the connecting linesland another 
additional paths is ^^^^^Sm^^SSL of which are shown in Figure 2). The additional 
10 cascaded comb.nat.on of a .adder and clocKea g ^ ^ g second jnput 

adder has one input coupMtt ^'^^ThT parallel extension of the connecting lines I. The additional 
coupled to ^ZZZ^e o^o^lddLnal adder and the input of the divider 57 and performs 
- register .s coupled J^SdlSSSoa With the two additional parallel signal transmission paths he 
the above described r ^ loc ~"?™""/° | sianal transmission paths between the connecting line I and the input 

1 5 n r B f fl ? sr;?2£^^ differing bv 1 through 5 clock si9nal 

• of the divider 57, respectively P r ° v '°" » * arithmetically combined for averaging. 

periods whereby five *«~£»ZZg^^ paths to the filter circuit, the divider 57 is 

Besides adding the two addibonaH parallel sign* f registers and dividersare 

m odified to divide the «^JJ^^"^SVlh-r respective clock inputs having a frequency of 
20 adapted to be clocked by clock .signal p y ^ e|jminated frQm the componer ,t signal. 

2.5 times the selected frequency co "f . obtaine d value by 5 provides an average 

Summing frve consecutive sa^ 

representation of the ^£2^lS*Sdffl3 embodiment of the filter circuit 2, a frequency 
periodic signal "^^^"S^^^Smponeiit of the composite signal also will be eliminated. 

25 c mponent equal to one-half of the frequency com P° f = 3 58 MH such as the standard 

For example, for a selected "^^^^TSC color television signal, and for thesampling 

chrominance subcarrier signal subcarrier signal frequency, i.e., W = 2.5 x 3.58 = 

frequency f aampl equal to two and °"^*7" modified filter circuit, as given by equation (7) is 

8.95 MHz. The '^^"^^ 1.79 MHz component in addition to the 3.58 

30 f min = 8.95 MHz/5 = 1JJ or television signal, a different sampling frequency should be 
MHz chrominance component frommeco.ori Remova , of the 1.79 MHz component of a color 

se. cted, such as the P«2iSb^Sfei»Un the previously described unmodified embodiment 

removed by thefilter. nnpratpri to averaae either an even number or an odd 

The filter of the invention can be for each received input 

number of input samples to generate at *«™JXntat« the avoidance of the introduction of 

40 sample. However, averaging^ ar i odd I number o ^SSSuSon provided by the filter. Averaging an odd 

undesirable phase sh ^ToX^^ZXSo"e^ input sample value a representation in the 
number of the input samples Permits su ° s ™" x ' ng £ . f tn jn t samp | e p | us the values of equal 
form of a digital representation of the ave ^^^™£Z**. Averaging an even number of input 
numbers of input samples l^e^Zo^n^on lZ not permit generating the representation from 

4 5 samples to generate the digital ^SSd ater the input sample to be substituted by the 

- equal numbers of '"P^P 1 " ^SlX^ wnen averaging ^ nUmber * 

representation. As a result, some phase a «P™""" one . ha | f Q f the interval between consecutive samples, or 
samples. The phase displacement can be I ™^^ma sequence of an even numberof input 

. sampling period, «Z^^ZS^^SS^^ of'the sequence. Since such phase 

go samples is substituted for £ ^^^^lJ value s. no objectionable phase distortion results, 
displacement is » n f»^*^ 8 "^^ at ? on ; such as color television signal dropout compensators, 
However, in some J^JJJSSSSSSl because they complicate the processing of the signal 
such fractional phase , displace ments a ire un . , rep roduced from a magnetic recording, 

for use in alleviating dropouts that often occur in television s.g P preferable to have a 

55 When utilizing the filter of the a ^e-d^bed ^J"^' J^ lc sig ' na , to avoid high sampling 
relatively low integral number of ^^^^^^J^SZ for averaging. A sampling rate of 
signal frequencies while maintaining the shortest poss.b e jonaijpe gatjsfjes ^ 

three times the frequency of the selected pe"^.c «gna to ,be e ^ J tne avoida nce of the 
pref rred conditions. Such sampling rate odd number of input samples can 

60 Introduction of the for each input sample. 

be c nveniently averaged to generate the digital i av 'erage h 2 Q operated to provide a 

Afilter constructed in accordanc with the ^f'^^^lf^^at a frequency equal to an even 
running average sample value representor , o : a compo ^g^^ff^,^^ aforedescribed 
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introducing a phase displacement in th running average sample value representation of a composite signal 
sampled at such even number multiple frequency. Generally, the filter embodiment of Figure 6 avoids the 
introduction of a phase displacement by generating an average sample value representation of each sample 
from selected ones of a sequence of input samples which are weighted for averaging. That filter 
5 embodiment and the manner in which it operates to generate the desired average sample value 
representation are described in detail hereinbelow. 

To obtain a zero average value of a selected periodic signal, a weighted average value signal may be 
provided, for example, by assigning selected respective weighting coefficients to respective inputs of the 
various circuit elements utilized in the filter of the present invention. The foregoing may be implemented bv 

10 coupling digital multipliers 70 to 75, indicated by dashed lines in Figure 2, to the respective inputs of adders 
51, 53, 55. For example, digital multipliers TDC 10085 manufactured by T.R.W. Corporation may be utilized. 
Alternatively, if the samples being summed are weighted by coefficients of powers of 2, i.e., 1/4 1/2 12 4 
etc., to obtain the averaged sample value representation, the weighting of the samples can be accomplished 
conveniently by bit shifting the 8-bit digital word sample at the inputs of the adders the appropriate number 

15 of bit positions and in the appropriate direction corresponding to the weighting coefficient. Such bit shifting 
is effected in the well known manner of coupling the input bit lines to lower or higher order binary bit 
position inputs of the adders. For example," to multiply the sample by 4, each input bit line is coupled to a bit 
position input of the adder which is two bit position orders higher than the bit position order of the input bit 
lin . To multiply the sample by 1/4 (or divide by 4), each input bit line is coupled to a bit position input of the 

20 adder which is two bit position orders lower than the bit position order of the input bit line. 

The foregoing will be explained with reference to Figures 6 and 7 respectively depicting "the block diagram 
of an alternative embodiment of the digital filter of the present invention and the operation thereof. Figure 7 
shows a sine wave of amplitude Z at frequency f sampled at a frequency 4f. The sampling points on 
waveform Z are designated Z,, Z 2 , Z 3 , etc., and are 90 degrees apart. An average sample value of the sine 

25 wave Z is obtained by generating a weighted average sample value of five consecutive samples in or 
accordance with the following equation: 0 



30 



1 1 

Mn = -jZn + j (Z n - 2 + Z n+2 ) + 0 {Zn-, + Z n+1 ) - 0 (g) 

For example, an average sample value M 4 substituted for sample Z4 is: 



10 
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35 M 4 = -jZ 4 +-i(Z 2 + Z 6 ) + 0(Z3 + Z5) = 0 (9) 



30 



35 



To generate the weighted average value of the five consecutive samples in accordance with equation (8) 
digital weighting means are arranged in circuit with digital time delay and digital arithmetic devices to 

40 weight the five consecutive samples by weighting coefficients as follows: Z n is weighted by "1/2"- both Z _ 2 4 
and Z n+2 are weighted by "1/4"; and both ^ and Z n+1 are weighted by "0". As illustrated by Figure 7 and 
the above equations 8 and 9, appropriately selected weighting of consecutive samples enables a selected 
penodic signal component Z to be eliminated from a composite signal sampled at a frequency equal to an 
ven number multiple of the frequency of the selected periodic signal without introducing a phase 

45 displacement to the resulting composite signal. Introduction of a phase displacement is avoided because 4 
each generated average sample value is substituted for a sample that occurs in the middle of the sequence of , 
consecutive samples that are averaged. 

A block diagram in Figure 6 shows an embodiment of the filter circuit 2' of the present invention as 
arranged to generate and substitute an average sample value for each input sample in accordance with 

50 equation (8). To facilitate the description, the operation of the circuit of Figure 6 is indicated in TAB 2 below, 51 
depicting the propagation of consecutively received samples Z 1f Z 2 , Z 3 . etc., at a clock signal times 12 3 
tc, with respect to particular locations A, B, C, etc., in the block diagram of Figure 6. 
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The filter circuit 2' illustrated in Figure 6 comprises a combination of commercially available binary adders, 
registers and dividers of the kind described hereinabove as being employed in the filter circuit embodiment 
of Figure 2. Each 8-bit digital word sample generated by the A/D converter 82 of Figure 1 is coupled by the 
connecting lines 84 to the input of the timing buffer register 49. Upon the occurrence of each clock signal of 
5 the 10.7 MHz sampling signal at the clock input 88 of the register 49, an 8-bit digital word sample is 5 
transmitted from the input of the register 49 to its output coupled to the eight parallel connecting lines A. The 
connecting lines A branch into three different signal transmission paths to the output 91 of the filter circuit 2'. 
The transmission paths include signal delay elements or means that provide different transmission times for 
each sample through the different signal transmission paths. In the embodiment of the filter circuit 2 r 

10 illustrated by Figure 6, the transmission times differ by even multiples of the period of the 14.32 MHz -jo 
sampling signal, with the transmission time through the longest signal transmission path being four 
sampling signal periods longer than the transmission time through the shortest signal transmission path 
and the transmission time through the signal transmission path of intermediate length being two sampling * 
signal periods longer than the transmission time through the shortest signal transmission path. As will 

15 become more apparent upon consideration of the more detailed description of the filter circuit 2' 15 
hereinbelow, the even multiple sampling signal period relationship of the transmission times of thethree - 
transmission paths creates the "0" weighting coefficients specified in equation (8) because only every other 
sampl of each sequence of five consecutive samples are combined to form the weighted average sample 
value representation at the output 91 of the filter circuit 2'. 

20 The shortest signal transmission path between connecting lines A and the output 91 of the filter circuit 2' 20 
includes a binary adder 65 coupled at its first input to the lines A extending from the buffer register 49 and 
followed by a binary divider 66. The divider is responsive to the 10.7 MHz sampling signal coupled by lines 
88 to its clock input to divide the binary signal at its input by a factor of two. As described hereinbefore with 
reference to the embodiment of the filter circuit illustrated in Figure 2, such dividers introduce a propagation 

25 delay of one sampling signal cycle in the signal transmission path. Consequently, the shortest signal 25 
transmission path has an overall signal transmission delay of one sampling signal cycle, with the delay 
located in the transmission path so that a sample appearing on the connecting lines A coupled to output of 
the register 49 appears at the first input of the adder 65 without delay and a sample sum appearing on 
connecting lines G coupling the output of the adder 65 to the input of the divider 66 is delayed one sampling 

30 signal time before it appears on the connecting lines H extending to the output 91 of the filter circuit 2'. The 30 
shortest signal transmission path generates the weighted average value 1/42 n+2 specified in equation (8). 
The divider 66 provides a weighting coefficient of 1/2. The remaining 1/2 of the weighting of the average 
value is accomplished at the first input of the adder 65 by coupling each of the input bit lines A to a bit 
position input of the adder which is one bit position order lower than the bit position order of the input bit 

35 line. 35 
Adder 65 and divider 66 are common to the three signal transmission paths. Therefore, the 
aforementioned differences in the transmission times through the three paths must be established before 
the adder 65. 

The position of the signal transmission path of intermediate length between connecting lines A and a 

40 second input of the adder 65 includes another binary adder 62 followed by two cascaded binary registers 63 40 
and 64. As described hereinbefore with reference to the embodiment of the filter circuit illustrated in Figure 
2 f ach of the registers transmits data from its input to its output in response to the sampling signal coupled 
to its clock input by line 88 and introduces a propagation delay of one sampling signal cycle in the signal 
transmission path. Consequently, the signal transmission path of intermediate length provides a signal 

45 transmission delay between lines A and the connecting lines F coupled to a second input of the adder 65 of 45 . 
two sampling signal cycles, which is two cycles longer than the delay through the corresponding shortest 
signal transmission path. Therefore, a sample appearing on lines A coupled to the first input of adder 62 
essentially will appear simultaneously on connecting lines D coupling the output of the adder to the input of 
the register 63. Upon the occurrence of the next sampling signal, the sample will be transmitted by the 

50 register 63 to the connecting lines E coupling the output of the register 63 to the input of the following 50 
register 64. Upon the occurrence of the second following sample signal, the sample will be transmitted by 
the register 64 to the connecting lines F coupling the output of the register 64 to the second input of the adder 
65. Thus, at the same time that register 49 provides a sample at the first input of the adder 65, a sample that 
was generated two sample periods earlier by the A/D converter 82 of Figure 1 and transmitted through the 

55 transmission path of intermediate length is provided at the second input of the adder 65 by the register 64. 55 
The signal transmission path of intermediate length is completed through adder 65 and divider 66 to 
generate the weighted average value 1/2 Z n specified in equation (8). 

The longest signal transmission path is formed in part by the signal transmission path of intermediate 
length, i.e., the path from adder 62 to divider 66 and in part by registers 60 and 61 preceding the adder 62. 

60 Each of the registers 60 and 61 ^introduces a propagation delay of one sampling signal cycle in the signal 60 
transmission path whereby the signal transmission delay between lines A and the connecting lines C 
coupled to a second input of the adder 62 is two sampling signal cycles. The value of each sample received at 
the second input of the adder 62 is weighted by a factor of 1/2 by coupling each of the input lines C to a bit 
position input of the adder which is one bit position ord r lower than the bit position order of the input bit 

65 line. At the same time that the r gister61 provides a sample at the second input of the adder 62, a sample 65 
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i*. ««=. m nlP oeriods later bytheA/D converter 82 ofFigurel is provided atthe otherfirst 
that is generated ™ **^*£™%™ZloTe. the longest signal transmission path provides a signal 
input of the ^^"XJ^XSa ^d the output 91 of the filter circuit 2' that is four sampling signal cycles 
KTSha^ signa'transmission path and generates the weighted average ^ 

5 value 1/4 Z n 2 s pecMed J^^^JSfbocBment of Figure 6 will be described now with reference to TAB. 2 
The operation of tne rt f ''^ r n ^' Dro Tessing of consecutive samples through the filter circuit 2'. Consecutive 
thatdepicte^ 

samples Z n , Z 2 , Z 3 ^ stc ., ar . frequency of the selected component to be eliminated from the 

connecting lines 84 at *™° 1 ™^£ wertar At each clock time, the register and divider devices included 
10 composite signal «mpled by ft > A/D ° am |ing signa , appli ed to their respective clock inputs by line 88 to 
in the filter circurt 2> ^S^SSi their respective data inputs. For example, at the first clock 

initiate processing of the dig £1 «gnas p Qn ^ ^ o whjch . g coup|edt0 , ines 

• time 1, ^^"'f^^^i^Sder 62 and adder 65. Immediately upon the occurrence of the 
A that extend to the i inputs °* register JJ£ 62 the adder resp onds by transferring to its 

» sampie Z, on lines A extend g^JJJ JJ^ inputs . This sample sum, which includes sample Z, is 

• output the sum of the <*™W* JS^atotw 63. In addition, the adder 65 responds by transferring to its 
coupled by lines Dto the .input of the register 6^ ^ gamp(e ^ ^ ^ A as 

3^ ™^ °" he adder 65 " ThiS S3mP ' e SUm * COUPled ^ ° " 

20 input of the divider 66. docktime 2, sample Z 2 is placed on lines A and D and the weighted 

Upon the occurrence of J e ^ tn P add 2 er 65 in the manner described hereinabove with 

sample 1/2 Z 2 ,s placed on ^Imes G at me q P ^ 63 gnd ^ and djvjder 66 are c|oc ed tQ 

respectto « m P^;SSe?«peS^Wputs the sample values present at their respective inputs As a 
process and transfer tc- ™ r !J^^ n 5 ng from the output of register 60 to the input of register 61, and 

25 result, «^ » JjJ 0 f reg i ter « to the input of register 64. Also, divider 66 weights the 

on lines E extending f rom the outpu y ^ ^ wejgnted sample sum on hnes H 

value of the ^..^^^KLd sample sum includes the weighted sample 1/4 Z,. 

extending to the .output I nee 91 ^ ,s w ^ s placed on lines A and D, sample Z 2 is placed on lines B and E and 
During the next c oc £.me 3 aemp le* »p ^ degcribed nereinabove with respect to 

30 the weighted sample 1/2 : Z is placec .or un d jvjder ^ ^ dQctad ^ process gnd 

samples Z, and Z 2 at cloc m Mend ^«J™i. then present at their respective inputs. This places 
transfer to their respective «^ u * ""fjj.^ 64 to the second input of the adder 65. Consequently, the 
sample Z, on lines F coupling^ the sample z , plus t P he weighted sample 1/2 Z 3 . Register- 
adder 65 places a ^l^^Zn^gXothe second input of the adder 62, at which point it is weighted 

35 61 Places the sample Z^ on hnes Ce^ + 

40 sample 1/4 Z 2 . «,*^ e >i c an Hfi qamnlesZ* Z* and Z 6 are successively placed on lines A by the 

During the next three , etack t "n-^jS in the mLnne described hereinabove with respect to samples Z-, , 
timing buffer register 4S land ^J^^^^^ understanding of the processing and 
Z 2 , and Z3 at prev.ous clock filter circuit 2 - in response to sampling signals at clock 

propagation o 'sample Z* Zs and J*rough tn c|ockj ^ ^ djvjder devjcesof the 

45 times 4, 5 and 6 can be had by preference to i /w > , d 4 trgnsfer the combined sa mple 

5 "5? 2 i ? tm he' nou Sth ^regts^ " lines F extending from the output of the register 64 to the 

value 1/2 Z, + Z s , fron i the input ot the reg ^ value Z s on lines A extending to 

second input of the adder <* « nd ?" 8 " the , regis P 65 ^ g combined 

. the first weight ng input o^ the lines G extending to the input of divider 66. 50 

50 sample value 1/2 Z, 4 • Z 2 + 1/2 ^ on « ou p ^ value 1/2 Zl + Za + 1/2 Zs present atthe 

Upon the occurrence^ of the oc JmjJW transferred to its output coupled to lines H extending 

input of the divider^ 

to the filter "rcu^s output ! BI^Tb ^eigMeo o p accordance with equation (8) and has the selected 
following ^^^^^SS^to one-fourth the frequency of th clocking signal eliminated 55 

55 £cTse^ 0f the Se ' eCted COmP ° nent " Zer °' 35 " n ^ See " UP ° n 

consideration of equation (8 \™ d *W*J_ description th at other combinati ns and arrangements of 

,t will be *^SS!SSS^^^P^^ a similar manner to obtain for a given number of 
registers and ar^ eo 

60 averaged ^^^^^S^ and phase of the sampling signal is selected so that the sampled 
To simplify the ^f^'^^^Zm zero and maximum values of sine wave Z, It will become 
points Z ; to Z, shown « M the ernbodiment of Figure 6 also will provide a 

HESS SevieSCe Z if th ? re is a constant phase differenc between the samphng signa. 

65 and the sine wave or selected signal component to be filtered. 
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The filter circuit embodiment of the present invention illustrated in Figure 6 is particularly advantageous 
for filter circuits utilized in applications where the sampling signal frequency is an even number multiple of 
the frequency of the periodic signal component to be eliminated from a composite signal. The embodiment 
of Figure 6 provides a desired zero weighted average value of the period signal component from a given odd 
5 number of samples. Consequently, the aforementioned potentially undesirable phase shift of one-half of the 5 
sampling signal period which would result from averaging an even number of samples is avoided by the 
circuit of Figure 6. 

With reference to the foregoing description, it is to be understood that the filter of the present invention is 
not limited to the above-described embodiments illustrated by Figures 2 and 6. It will become apparent to 

10 those skilled in the art that the filter may comprise various arrangements of digital signal processing means 10 
that cooperate to provide a zero average value or a weighted zero average value of the signal component to 
be eliminated from a composite signal in accordance with the described method of the invention. For 
example, the filter circuit may utilize circuit elements for dividing or partially dividing the samples followed 
by circuit elements for adding the divided samples instead of bit shifting the samples at the inputs of the 

15 adders as described above with reference to the embodiment of Figure 6. Furthermore, the filter of the 15 
invention can be arranged to operate with various relationships of sampling signal frequency and frequency 
of signal dropout detector (not shown), such as included in commercially available videotape recorders. A 
suitable dropout detector may be of a "conventional carrier monitor type which provides a control signal 
when the R. F. envelope of the modulated television signal drops below a predetermined level, such as used, 

20 for example, in the Ampex Corporation manufactured VPR-1 Video Production Recorder, and shown in the 20 
manual for that recorder, Catalog No. 1809276-02, published by Ampex Corporation in December, 1977, 
schematic drawing 1378633C, pages 8-41/42 and 8-43/44. The control terminal 12 is component to be 
eliminated or filtered from a composite signal. As described hereinbefore, the sampling signal frequency can 
be an odd or even integral multiple of the selected periodic component frequency to be eliminated. Also, the 

25 sampling frequency can be a non-integral rational multiple of the selected periodic signal frequency. With 25 
respect to the embodiment illustrated by Figure 6, an average of three weighted samples is obtained by 
weighting the first and last sample of five consecutive samples by one-half and not weighting the third of the 
five consecutive samples and dividing the sum of the three samples by a factor of two, i.e., weighting the 
sum by a factor of 1/2. However, if the three samples are weighted by lower factor, such as one-eighth for the 

30 first and last sample of the five consecutive samples and one-fourth for the third sample, the weighted sum 30 
would have to be mulitplied by a factor of two, i.e., weighted by a factor of 2, to obtain the desired average 
sample representation. 

The filter of the present invention provides special advantages as a luminance-chrominance separator in 
color television signal processors, such as, for example, dropout compensators. Figure 8 illustrates one 

35 embodiment of the dropout compensator of the present invention in which a digital color television signal is 35 
received at an input terminal 1 0 coupled to a first input 11 of a two-way switch 1 . A control signal indicating 
presence of a dropout is received by a control terminal 12, for example, from a conventional coupled to a 
control input 13 of switch 1. Output 14 of switch 1 is coupled to an output terminal 15 of the dropout 
compensator. The output 14 of switch 1 is also coupled to an input 18 of a digital filter 2 corresponding to the 

40 filter of the present invention, such as the above-described embodiments illustrated by Figure 2 or Figure 6, 40 
respectively. The output 14 of switch 1 is further coupled to first input 16 of a digital differencing circuit 3 via 
a digital delay circuit 7. A second input 17 of the differencing circuit 3 is coupled to an output 19 of the digital 
filter 2. An output 20 of the differencing circuit 3 is coupled to a first input 21 of a digital adding circuit 5 via a 
fixed digital delay line 4. The second input 22 of adding circuit 5 is coupled to the output 19 of the digital filter 

45 2. An output 23 of the adding circuit 5 is coupled to a second input 24 of switch 1 via another fixed digital 45 
delay line 6. The delay circuit 7, coupled between the output 14 of switch 1 and input 1 6 of differencing circuit 
3 is utilized to compensate for circuit delays in filter 2, as it will follow from the further description. The 
dropout compensator is controlled to process the digital television signal by a clock signal provided at input 
terminal 26. The provided clock signal is the signal related clock signal previously described as being 

50 generated for use by the filter circuit of the present invention and is determined by the particular filter 50 
embodiment used in the dropout compensator. If the filter circuit illustrated in Figure 2 is used in the dropout 
compensator, the clock signal is obtained from the signal clock generator 83 of Figure 1 . 

Now the operation of one preferred embodiment of the dropout compensator of the present invention will 
be described with reference to Figure 8. A digital NTSC color television signal in the form of discrete 8-bit 

55 digital data words representing samples of the television signal, such as provided by the A/D converter 82 of 55 
Figure 1, is received at input terminal 10 and fed to first input 11 of switch 1. When the television signal 
system is in normal operation, that is, no dropouts in the incoming signal are detected by the dropout 
detector, switch 1 is in its first position receiving the input signal at input 1 1 and applying it to output 14. 
When a dropout is detected in the color tel vision signal, for example, by the aforementioned conventional 

60 dropout detector, the control signal received atterminal 12 is applied to control input 13 of the two-way 60 
switch 1. The control signal received by the two-way switch 1 causes it to disconnect the first input 11 from 
the output 14 and to connect its second input 24 to the output. Consequently, the signal representing a 
delayed portion of the digital color television signal received at second input 24 is now applied to output 
terminal 15. That delayed signal represents a dropout compensation signal utilized to replace the dropout 

65 portion of the television information signal, thus preventing any disturbances in the displayed television 65 
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. . . „, - d be caused by the presence of a dropout. The above-indicated dropout compensation 
p,cture which would ^ ""^J^to, J^ Ion , ine periods or any fraction thereof. 

m T Y h be EES S th^dropou ^compensator circuit circumscribed by dashed lines, which provides the 
Theport,on25^ 

desired signal delay ^ r d ^°^^ n Figure 8 . Filter 2, which is designed, for example, as shown in figure 5 
5 embodiment of the invention a how ' "9" , f m t 1 1 4 of switch Vmthe form of consecutive 

2, receives the di gita. ^SSS^SSS^ exlmp e°Tqua. to three times the nominal frequency of the 
samples at a selected clock signal Trequency, iu h _ h sampling signal is 

NTSC ch r-jnance subcarrier co^ ^ ^ for examp , e by 

phase locked to the chr ° m ' na ^^" a g des cribed in the previously mentioned AVR-2 Video Tape 

10 Phase^ocWng^ 

Recorder Catalog, P™?J™™ Jmo es define a time interval equal to one cycle of the chrominance 
with respect to Figure^ .^^^^om the foregoing description that the lowest frequency component 
■■ subcarner component. Jf*^^ compo8lte sig nal is 3.58 MHz. The next higher frequency component 
which is removed by Wter M 9 Hz . This latter frequency, however, is outside the 

As described ^ re '^^p| r g S ^g^|^gd gt its Input ^8? It foUowre from equation (2) that each such average 
20 of three consecutive sa ^ p 'f i ^^™ i g„a, component is equal to zero. Consequently, the signal at the 

value of the chrom.nance ^^"er signa compo * whjch the chromin ance subcarrier 

output 19 of filter 2 J^^^^^SStffS eliminated. Thus, the resulting signal at the output 1 9 
component hav.ng a nominal *reqW considered further as representing the 

of filter 2 is a chrominance^ resultjng signal attne output „ of 

25 luminance component 

the filter 2 is represented averagesampie va f he s le in tne mid dle of each three 

samples. Each obtained ave^ 

^^^T^toZl^rece^ samples, since an odd number of consecutive samples ,s 

30 being averaged. the signal from output 19 of digital filter 2 representing the separated 

With further r^^^^^^ pxA 17 of differencing circuit 3. The color television signal V 
.uminance component -s "P^* ^2?^ 7 to the first input 16 of circuit 3. Differencing circuit 3 
from output 14 of switch 1 J tne two signals reC eived at its first and second mputs. The 

provides at its output 20 J d *^^SW afrt8d chrominance component of the color televis on s.gnal. It 
resulting difference s.gnal «P™^™ "J b P utjljzin the digital filter 2 of the present invention in 
is seen from the ^^"25 2 above disclosed, separation of the luminance and 
combination with the ^erencmgc ^f sa bove ^ ^ chromjnance componen t 

chrominance connponents of t f me substantially corresponding to one horizontal line 

at output 20 is delayed '"^J^^Esd and delayed chrominance component and separated 
period of the television s.gnal. The . se P ar ^ e ° 2 1 and 22 of adding circuit 5. These two signal 

luminance component are %£^™™^^J£*^ signal at output 23 thereof. The 
components « ^^"^JJS 5 tolnput 24 of switch 1 through a second delay line 6, and it is 
latter signal is fed from output 23 otcircuu H hor j ZO ntal line period of the television signal . 

delayed thereby by •^^^^S^a o n signal by which one or more consecutive lines, or 
The delayed signal represents tne oropoui c »> h reo laced by the dropout compensator when a 

(radons of ,!««, of missis Jta« ^i^lSKS^StoU. » « is oscesssry to replsce more 

Consequently the "J^"*?^™ nign spe ed data is precisely clocked at three times the color 
conventional digital create ir ' ^™ proximately 10.74 MHz, while the clock signal is frequency and 
subcarrier signal frequency, that is, at a PP™™" )V f th , e co | 0 r television signal, as described 

phase-locked to the ^'^^^^^^J^^ in the block diagram, however, it 
r s ^i^ theblockdiag^ofPigureS, 

W ^ayS 

circuit 3 in the composite ^Jj^^ J'^IbSTSS circuit 2. For proper operation of the digital 
for the propagation ^ and combine corresponding data by the subtraction crcuit 

dr °Pf u "° mpe ™"S r = ' S S Tina precis ly synchronized mannerto prevent undesirable phase shifts 
ll^T^^o^ and?uminan V ce y component. Such phase shifts would mtroduce 
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unacceptable time base errors and distort the resulting television picture. Ther fore, it is n cessans 
determine the exact amount of fixed delay provided by the respective delay lines 4, 6 and 7 in sucha wav that 
the total delay of the chrominance signal component from output 14 of switch 1 to its input 24 thatt when 
passing through circuit branch 25, is exactly equal to two horizontal line periods of the color televls bnrian-l 
5 received atte™^^ 

through the circuit branch 25 is exactly equal to one horizontal line period. For determinina th« »vL^«f.«* 5 
of delay to be provided breach of the fixed de.ay lines 4, 6 and 7, respectively,*^ 
provided by the respective circuit elements in the luminance and chrominance signal paths should be 
considered. The actual amount of delay provided by delay lines 4, 6 and 7 should be adjusted accordinalv 
10 Consequently, in the preferred embodiment of Figure 8, the delay provided by delay line 4 is eoual to one ' 
horizontal line period less the delay provided by differencing circuit 3. Similarly, the actual amount of de?ay 10 
provided by delay line 6 .s equal to one horizontal line period less the combined delays provided bvfilter 2 
and adding circuit 5, respectively. r H ea Dy ™ ier z 

With respect to the well known relationship of the color subcarrier component freouencv anrt hn ri m „t=i 
1 5 line frequency of NTSC signals ^=227.5^ in this particular embodiments tne Sntfon a non iZra? 

number of samples equal to 3 x 227.5=682.5 clock cycles is obtained within one horizontal line period To 15 
compensate for the non-integral relationship, delay line 6 may be designed to provide an alternative del av 
of, for example, 682 and 683 clock cycles on alternative consecutive lines, corresponding to the close? 
higher and lower Integra number of clock cycles. Thus, the average delay provided by delay line Sever anv 
20 two consecutive lines will be 682.5 clock cycles. To compensate for the above deviation of one clock SI 

consecutive lines, delay line 4 may be designed to provide complementary delays in the chromranc^sian Jl 20 
path of, for example, 683 and 682 clock cycles, respectively, on aiternative consecutive nZ?H™Z^£2 
two line delay of exactly 2 x 682.5 cycles is provided by combined delay lines 4 and 6 in the chrom nance 
signal path. However, it is noted with respect to the previous disclosure that, the actual delays orovided L 
25 delay I nes 6 and 4 will be reduced by the above mentioned respective circuit delays in the fumin^n? , 
chrominance signal paths. a iu,dno 25 

It will become evident that if an integral number of clock signals is provided within one horizontal line 
period, such as by selecting a sampling frequency equal to an even number multiple of the color subcarrier 
frequency, for example four times the color subcarrier frequency, the delay provided by delav line 4 1L 
30 have to be changed on alternate lines. "**a oyaeiay Iine4doesnot 

With respect to the above-described operation ofthe digital dropout compensator of Figures orovidino a 30 
one-line delay of the luminance component and a two-line delay ofthe chrominance component offers 
several advantages First of all, the one-line delay ofthe wideband luminance component is approvement 
over known digital dropout compensators, which provide a two-line delay ofthe luminance comZnent 
35 Secondly, the circuit ofthe present invention is an improvement over the prior art analoq drooout 

compensators which provide one-line delay of both the luminance and chrominance component and reouire 
hne-to-line inversion ofthe chrominance componentto obtain a proper phase relationship thereof As it has 
been pointed out above, these latter dropout compensators are not directly applicable for diqital PAL or 
PAL-M systems. Similarly, they are not directly applicable for digital NTSC systems utilizing a sampling 
40 signal frequency equal to an odd integral multiple or rational number multiple ofthe NTSC subcarrier 
frequency. In case the above-indicated type of analog dropout compensator would be adapted for dioital 
colortelevision systems utilizing known comb filter circuits, it would be necessary to provide vertical 
alignment of samples. An advantage ofthe digital dropout compensator of the invention is that it does not 
require vertical alignment of samples thus eliminating the need for line-to-line adjustment of samoles 
45 It is to be noted that in the digital dropout compensator of the present invention the separated 

chrom.nanee component notched out by the filter has a bandwidth restricted to a single nominal freouencv 
such as 3.58 MHzfor NTSC or 4.43 MHzfor PAL. This restricted bandwidth is very naLr jlSto ' 
the luminance component bandwidth, which is, for example, D. C. to 4.2 MHz in NTSC systems 
Consequently, the two line delayed chrominance component combined with the one line delayed luminance 
50 component does not represent objectionable distortion of the displayed television signal ' 
When comparing the above-described dropout compensator ofthe invention to prior art analoo 50 
compensators utilizing, for example, band pass filters for separation ofthe chrominance and luminance 
components, a dropout compensation signal comprising a luminance component delayed one line and a 
chrominance component delayed two lines would introduce a visible luminance to chrominance 
55 interference in the television picture. This is largely due to a relatively wide nominal bandwidth ofthe 
separated analog chrominance component resulting from the well known frequency characteristics of 
analog filters. Furthermore, when recombining the separately processed components into a comoosite 
signal by the dropout compensator ofthe present invention, the full original frequency bandwidth of the 
television signal is restored, thus practically no frequency losses occur. As opposed thereto losses in th- 
60 composite signal bandwidth are effected when analog filters are utilized for signal processino 

There is a further advantage of the dropout compensator ofthe pr sent invention when comparing* 
known analog compensators. In the dropout compensator ofthe present invention, no relativ delav 
between the luminance and chrominance component other than the desired one horizontal line delav occurs 
in th composite signal processed by the compensator, since these signal compon nts are maintained 
65 synchronous throughoutthe processing by precisely clocking the digital signals, and the respective aelays 
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■ ^..rtoiempnts are known and compensated for by fixed delay lines, 
provided by var.ous crcu.t el J^nte ^e K ° w " ^ to averaging a few consecutive samples 

Since the filtering P^ 068 , 8 ^^^"^ short time disturbances, such as noise spikes introduced into 
within the same te.evis.on tow ' a ^^^^ e of the particular samples and to the relatively short 
the television s.gnal, are limited in time tcr ne ° c d , , , comb fi , ters provi ding sample values 5 

5 time in which they ^£f r ^ time response effects visible 

^tt^«KS& s?9nal caused bv noise spikes ' provide a more . 

extensive signal distortion. .. . , dropout compensation circuit of the present invention in 

Still, there is a ^her advant^^^ stan P dard m {tr ansistor-to-transistor logic) 10 

10 that all signal process.ng ' ,s P^'^ jied c ^diagram of a preferred embodiment of the present mvenfon 
circuitry, as it will be seen from a deta ^^ cu, whic 9 h ^ The circuit of the above-indicated Figures is 
shown in Figures 13a to 1 3h the Jf^X television signal recording and reproducing system where an 
• suitable for dropout ^^SZ^Sm encoded 9 in digital form by sampling at a frequency equal to 
NTSC, PAL, PAL-M, etc., color televis on i sign a , First, an embodiment suitable for use in 

, 5 three times the color subcame. "f^^^^^^SS frequency f samp , = 3 x 3.58 MHz = 10.74 MHz. 

20 sampling frequency "^j"^"^ compensator of the invention, the sampling frequency utilized to 
Generally, for operation of th ?*° p ?™°^Z the color television signal, does not have to be the same 
encod the composite analog ^^£ f 5£ various elements of the dropout compensation 

as the clock signs, frequency , «M J^£E££dTi3 stored in a buffer circuit, for example at the 
circuit. In the latter ^ e *"^ P '" ^^Sd at a different clock frequency, while the latter frequency .s 
25 sampling frequency, and suDsequenny 

utilized for synchronization of the . circ uit. gnd wi|| fae described briefly. 

Ahernative dropout compensate £^^£^21^ of Figure 8, similar circuit elements in 
To facilitate comparison wrt .the V™™"™ reference numerals. The circuit of F.gure 9 is 

the following alternative ^^^^X^eLut of the circuit branch 25, that is, input 1 8 of filter 2 
similar to that of Figure 8 w.th the exc^ 

and input 27 of delay circuit 7, respectively , are cou pie r television information 

it is in Figure 8. This particular c ' rcu,t o a " a " g n em ^ "since no means is provided for recirculating the delayed 
is to be replaced by a dropout "7^^ the circuit of Figure 8. If it is necessary to 

f^Tnsa^ 

memory, could be utilized at the 0, ^*Jj™| , **J: dimant> of the dropout compensator of the present 

Figures 10 and 1 1 depict ^^J^S!^^^^i described embodiments of Figures 8 and 9 
invention. These latter embod.mente i drffer from the P™'°£ s Y embodiment of FigU re 1 0, the delay line 6 of 
by the implementation or the ^.SSS^Ld in the composite television signal path 

the embodiment of F.gure 8 s replaced ey ae .a y provides delay for both the 

between the output 14 of ■^^Jj. 1 JjJJ of one horizontal tone less the combined delays in filter 2 

r™d£^^ 

the same as in the previously 'described «™* * ^ delay „ ne 6 ,„ the corresponding circuit branch 

45 In the circuit branch 25 of the embodiment o F F,gt ire 1 ,tne y separated lumi nance signal 

- 25oftheembodimento F, g ure^ 

path between the output 19 of filter im n ° '"P , d M Fi|ter 31 pr0 vides a one horizontal line delay 
separated chrominance s.gnal .^-J^^XiS Delay line 4 of Figure 8 is replaced in the 
• less the combined delays provided by filter 2 and adder £ £«Y chrom j nanc e signal path between the 
50 embodiment of Figure 1 1 by ^^i^^^J'JSXSSi line 32 provides a two horizontal line 
output 20 of the differencing circuit 3 and I input : 2 I of adders, oeiay y ^ ^ 

de,?y lessthe combed de^ys.^^ 

*mX^e» 

well as in the separated chrominance a n d ^^^J'lt'SlI become further apparent that various 
and two-line chrominance component delay, WjjYjJ compensator may receive an input signal 
alternative embodiments ^^^^^SmS?S«m 8 10 and 1 1 . It will also become apparent 
60 dir ctly, as shown in Figure 9 orv.a " f^"^ ^p.emented to provide an average valueoutput 

Figures 2 and 5. . flnt rtf th _ Hrnnout compensator of the present invention arranged to 
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an even number multiple of the color subcarrier signal frequency is illustrated in Figure 12. In that 
embodiment, a sampling frequency of four times th color subcarrier frequency is used. As is well known in 
the art r sampling an NTSC color television signal at a frequency equal to an even number multiple of the 
color subcarrier signal frequency results in obtaining samples corresponding to locations of vertically 
5 aligned picture elements. However, an NTSC color subcarrier signal has an opposite phase on consecutive 5 
horizontal lines and an identical phase on every other line. Consequently, to achieve a properly phased 
dropout compensation signal, a separated NTSC chrominance component may be simply inverted on 
consecutive lines, as it is known in the art. To facilitate a comparison with the previously described 
embodiments of Figures 8 to 1 1, corresponding circuit elements in the embodiment of Figure 12 are 

10 designated by corresponding reference numerals. To avoid undue repetition, only those portions of Figure -jq 
12 will be described which are different from the previously described circuits of Figures 8 to 1 1. As 
mentioned above, the embodiment of Figure 12 uses a sampling frequency fsampi that is an even multiple of 
the subcarrier frequency f au bc/ a clock signal frequency equal to 4 x 3.58 MHz — 14.32 MHz. In the 
embodiment of Figure 1 2, filter 2 may be designed in accordance with the embodiments of Figures 2 or 5, as 

15 previously described, 15 
In the embodiment of Figure 12, an NTSC color television signal is separated into its luminance and 
chrominance component at the output of filter 2 such as previously described with respect to Figured When 
comparing the circuit of Figure 1 2 to the circuit of Figure 8, it is seen that delay line 4 in the separated 
chrominance component path is replaced by phase inverter 40. To compensate for the circuit delay of the 

20 inverter, an additional delay circuit 41 is coupled in the separated luminance signal path. Delay circuit 41 20 
provides a delay equal to that provided by inverter 40. Thus, the same amount of delay in both the separated 
luminance and chrominance signal paths is provided in preparation for subsequent combination of the 
separated signals in adding circuit 5. Consequently, the one-fine delay 6 provides a delay equal to one 
horizontal line interval less the combined circuit delays of filter 2, delay circuit 41, and adding circuits. It 

25 follows from the foregoing description that both the luminance and chrominance components of the 25 
dropout compensator in Figure 12 are delayed by one horizontal line interval. 

One preferred embodiment of specific circuitry for implementing the dropout compensator embodiment 
of the present invention shown in Figure 8 is illustrated in consecutive Figures 13a to 13h. To facilitate 
comparison between Figures 8 and 13, individual circuits in the specific circuitry of Figures 1 3 corresponding 

30 to elements of the block diagram of Figure 8 are circumscribed by dashed lines and designated by like 30 
reference numerals. Similarly, connecting lines between the individual circuits of the specific circuitry are 
designated by reference numerals corresponding to input/output designations of corresponding blocks of 
Figure 8. For the purpose of complete disclosure, the integrated circuit components shown in Figures 13a to 
13h are designated by respective part numbers commonly used by manufacturers. 

35 In Figure 13a, consecutive 8-bit parallel digital word samples S 1# S 2 , S 3 , etc., of the digital color television 35 
signal are received at input 10 of the dropout compensator by two data selector/multiplexers U42 and U51 of 
switch 1. These multiplexers also receive data at input 24 from delay line 6, shown in Figures 13g and 13h. A 
control signal is received at input 12 by the multiplexers from a conventional R. F. envelope level dropout 
detector circuit (not shown), as mentioned before, in normal operation, the multiplexers apply the input data 

40 from 10 to output 14. When the control signal at 12 is received, the multiplexers switch from input 10to input 40 
24. The data from 14 is fed to output 15 of the dropout compensator, and it is also supplied to the inputs 18 of 
the three transmission paths through the filter circuit 2 located in Figures 13a, 13b and 13c. A filter circuit 
embodiment of the kind shown in Figure2is utilized. The data from 14 is applied to the first register 50 of the 
filter circuit formed of flip-flops U66 and U9, which delays the first sample St by one clock signal period to 

45 assure its proper timing for addition with the second sample S 2 received one clock signal later. Samples St 45 
and S 2 are coupled for adding in adder 51 formed of two 4-bit binary adders U75 and U83 shown in Figure 
13b and the sum St+S 2 is coupled to regiser 52 formed by flip-flops U57 and U50, which provides the one 
clock signal delay in preparation for addition with the subsequently received sample S 3 . The latter 
summation is performed by the adder 53 formed by two 4-bit binary adders U58, U67, and an output signal 

50 therefrom represents the sum S=S!+S2+S 3 . The summed signal S is coupled to register 54 formed by 50 
flip-flops U49, U50to assure proper timing forfurther processing. In this particular embodiment ofthe 
invention an average sample value is obtained by dividing signal S by 3. The division by 3 is performed with 
a 0.13% accuracy by an approximation algorithm: 



55 



S S S 
3 4 + 16 




256 



55 



(10) 



60 For the particular application of averaging the samples in the presently described preferred embodiment, 60 
the approximation algorithm of equation (10) is implemented in two steps as follows: 
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become ^ 



10 

S 



4 

15 The adder provides a sum ot 
(8+f». 

20 

20 Attheoutput of the adder, the summed signal is shifted conventiona.iy another bit postion to obtainan 
output signal corresponding to 

S 25 
25 (S+ T )/2. 

The.atteroutputsigna.rep^ 
signal 2PS four bit positions to obtain 



35 



2PS 35 
"16— 35 



At the output of the adders, the summed signal is conventiona.iy shifted another bit position to provide an 
output signal corresponding to 

40 

(2PS + 2|S )/2 . 



This output signal represents 46 

45 

_S 
3 



50 of the approximation algorithm indicated by equation (12). The obtained signal 



50 



S 

"3 55 

55 

• oK,H«rrih P d averaae value output signal of the filter of Figure 2 at the output .VII 
corr sponds to the previously described average vaiue > °"'P « reoisters and adders in Figures 13a and 
of divioer 57. For b tter comparison with Figure ^"^^SJ^iito reference numerals. 
13bandthedividerinFigure13cothe^ 60 

60 ttXSSSZS^ 
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is applied to flip-flops U31 and U22 which provide both an output signal 



3 



applied to input 22 of adder 5 shown in Figure 13f and an inverted output signal 



10 



3 



applied to input 17 of differencing circuit 3 shown in Figure 13d 
1 5 The differencing circuit 3 includes 4-bit binary adders U30, U21 that receive the signal 



20 



25 



S 
"3 



at one set of inputs 17 As it is shown in Figure 13a, the color television data received by switch 1 isaonlied to 
J n t5? 7 ^mpnsmg flip-flops designated U8, U65, U56 and U47, which are clocteTbTthe tSSSS 
on line 26 to provide a fixed predeterm ned delav of the received <5innai t« mm n» nBa »~ * . signal 
of delay provided by the filter circuit 2 illustrated*^ 

Figure 13D. The above adders provide an output signal snown in 



30 



(V-f, 



which represents the separated chrominance component of the color television signal as describe 
with reference to the embodiment of Figure 8. The obtained chrominance component is ?l SSSSSH^ 
35 flip-flops U29, U3 and output 20 of circuit 3 to the delay line 4 shown in Figure " 

dSSSSSSuff W U27 55SS S? ? rand T ° m 8CCeSS mem ° rieS ° f Which sJ * m ^°"es 
uesignatea uzb, ui /, Ul, U27, U18 and U2 are shown. Two groups of four memnripc M *-h » M ..♦»• 

2Sf2? • na,K ?" corT l p0nent ' eqUa ' t0 ° ne horizon ^' «ne period of the color televisS Signal l2 the 
delay in differencing circuit 3 coupled in the chrominance signal path. The writina of data into J^tlT - 
data from the memories of the delay line 4 is control.ed by control J^SSS^S^^SSffmlL 
obta ned from the memory address generator 9 shown in Figure 13d, which will be described Un «?TJ«JI J, 
herembe.ow. Cascaded clocked flip-flops U1 1 , U3 and U12, S 3 , and mul! ipTexen, U20 *U4 areata d6ta " 

To effect the aforedescnbed alteration of the delay provided by the delav line 4 sn thai- „ ^ . - 

the chrominance signal path is changed between 682 and 683 MaS!^1^tt£^ 
to the mutt.plexers U20, U4 to switch the output of the multiplexers between its two i npCteVesoe^.v 
supplied by the flip-flops U1 1, U3 and U12, U3. The control signal, Wm is r a s ZZlth£ rtSZZSS' 
high and low logic level at a frequency equal to one-haif the hLd^^^^^^SST^" * 
synchronous with the 10.7 MHz clock signal and the horizontal synchronizing sianal crfthe JSJ? .k - 
processed by the dropout compensator. During each cycle of ttaSZ s igna^D" ft is ISSSSSS" 
evelsfor an interval equal to 682 clock cycles and at the otherfor an interval of 6ffi "clock l£j SwiSSL 
2£22* ° ^ 6 mu,t,p,exe f s between the inputs supplied by the two clocked cascaded X£ps hSe 
effect of inserting (or removing) one clock cycle of delay into the delay 4 With the outout <*thl Z if- . 
coupled to the input supp.ied by the flip-flop U12, U3, the delay pmvWed by Sefay d ev ^ 
longer than when the multiplexer's outputis coupled to receive data supplied by the J p-floo U11 U Th£ 

The delayed chrominance component provided at the output 28 of delay 4 is aDDlied to inm.t ?1 „f a n,w r 



40 



45 



50 



55 



60 



GB 2 087 191 A 21 

21 



♦ „ „„««r.tina the separated luminance component, is applied to a second set of the inputs of 
from. nput 22. represent 

the adders v, .clocked flip £ television signal in which the chrominance component is delayed 

'f %^7 0 3^?Se p^SS^Irion signal while the luminance component is essentialty 

ab ^ U ! a Ston of the respective circuit delays as indicated before. 

5 undelayed, with the exception . ^ tne reap d U37 U13 an overf | OW and underflow indicating 

To prevent foldback *• SSSS The most significant bit C, at the input of adder U37 is 

circuit is ut, .zed m *• c. rcu t of F- JJlW-f ^ Qf , s formed by the « carry .. output at pin 

apphed v.a mverter ^^J^^ft one input of OR gates 0, to 0 9 , respectively. The other inpute of 
9 of adder U37. The °^^^S«SlTmn adders U37, U13. The output signal from the OR gates 0, to 0 8 is 

10 the OR gates rec en* the Whenever an overflow occurs, the AND gate A, activates the OR gates to 
applied to mu It.plexers U39 ,\ ^™Sh igh logic level signal on all its output lines 23 when clocked by the 
force the 3^"^' ouipu of pin 9 of adder U37 is also applied via inverter l 2 to one 

. clock signal For «"* rt ^^£iv2S ts ot P her input the most significant bit C, applied at the input of 
input of NAND gate N, , which also £ the mult i pl exers U39, U46. Whenever an 

15 adder U37. The output of N, appl.ed to a con ro. ,np conditions at pins 9 and 1 1 of the 

place a low 'o*c 'eve^ com ponent has an opposite phase atthe 

As it is known in the art the NTSC J™ 1 ™ consequen tly, it has the same phase atthe beginning of 
20 beginning o each consecut. ve t »^ on '^ for obtain , M a dro pout compensation signal it is necessary to 
every other line. It .s also known in the art max ror a horizontal line period. However, to achieve a 

delay both ^^^SSSl SSSSn^mpSSln the embodiment of Figures 13a to 
?XeTa^ 

25 following description. mll iti„i eV ers U39 U46 in Figure 13f represents an NTSC color television 

signal having tne ^^-Xtantially undelayed. The combined composite television signal from the 
the luminance component suDstaniiaiiy unu » Fiaures 13g and 13h. Delay line 6 comprises eight 

output 23 is applied to the second d Jay ^6 shown -n F « "Ml* £ Y u? U8Q ^ 

30 id ntical 4 x 256 bit random acce %% me ™"*^ to rece Tve higher and lower order bits, . 

and U53 are shown. Two groups of four ^^^ZZXSZS** for an interval that is adjusted on 
respectively. The de ay Jme .6 ^elays^he compos ^ ^ ^ ^ ^ sjgna| cyc(es 

alt mate horizontal ,n f .^ h °"* path provided by the filter 2 and adder 5 is provided, 

respective circuit de KJSSdS bJdlSy line 6 is effected by the multiplexers U82, U73 and 

35 13h. These multiplexers and flip-flops cooperate in the same 

clocked flip-flops U81 , U74 s howmnh jure hereinbefore with reference to the delay line 4 illustrated in 
manner as the corresponding devices aesc " De ° ' . - , th of tne delay Hne 6 . As in the 

Figure 1ST to alternately J^£^tSnSly switched between itsinputs by 

case of the delay ^^^^^SSSSS^^ and 6 are synchronously docked so thateach 

40 the previously des ^. d h ^ time Consequently, the separated chrominance component 

provides the ""^^^.^JJ^Say Hnes 4 and 6 each provide a first delay that corresponds to 
will pass through the delay^.ne ^h.^the delay ^ ^ ^ chromjnance component (now 

an overall delay of, for example ^ C '° CK f ' 9 s v throu n the fo „ 0 wing delay line 6 after the multiplexers of 
combined with the lu _ m,nanC ^Tth«t a detev corresponding to an overall delay of 683 clock signal 
45 th de.ay ""^^^£££22 l^lZ^XZs a two line overall delay and an average 
, cycl s is provided. Thus, tne cnrom nan». . component. The luminance component 

d .ay of682.5clock^ 

S^oSTSSmE^JSI does not Introduce significant.uminance disturbances in the 
50 displayed picture conta^ 

de^eTe^^ 
combined delays provided -s^ 

effect . , ^ ma ^Zt^p7el SnpSSTof switch 1 shown in Figure 13a. As it has been described 
55 output data from delay line 6 sappnec ' ro '"P u d represen ts a color television dropout 

chrominanc = componenl tby njo i^^S-SSTaf memory address generators 8 and 9 providing 
Figures 1 3f and 13d show respective circuu y respectively, and write and read enable 

60 address signals on memory a ^^^ are coupled to control the data 

control signals on memory write/read lines 1 OE, £^ ™ ^™ ™^ u19f U28 and U36 are coupled to 

f,ow (ine 4 coup,ed in th rr nce 

ITnTp^ "'"T S into?" 

65 SSta coupled to a i bit binary decoder U44. which decodes the two bit binary input signal into a 
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corresponding four line output signal. The four bit signal is applied to a D-type flio-floo U35 whirh ■„ *.„ 
provides a four bit control signal on linesW, to OE, Each bit of the latter sTanaV is uSSJ^T ' 
and memory read signal to control the respective read and write ^^ZS^iS^7„t- ^ IT*** 
access memories U26, U17, U1, U27. U18 and U2 of the delZ \ L^n" au^iaTK ™S ? 

5 signals are coupled to pin 20 and memory read signals to pTZf^ZV^. ° ™"> ^ 

8 of Figure 13f is similar to that of memory address generator 9 of Figure 13d. Consequently the W hit 
10 memory write and read control signal on lines WT, to WT 4 atthe output of £iyp 325£^n to£ Mf 
is analogous to the above-described control signalW, toOT, of Rqutp «J i a !i ft i J? 

"ie^ 

15 Ho^i'lr" be -° + T e appare rt to those skilled art, alternative embodiments similar to the disclosed 
detailed circuit diagrams of Figures 1 3a to 13h, as well as alternative circuit elements n TlvlSnf, 

oftL nr^" 2 :' t0 f J? diS ?° Sed ° Perati0n ° f the dr °P° ut compensatoMn acco at i hlSd 
of the present invention. Thus, the differencing circuit 3 may be implemented as a subtractin^cSto 
which respective signals of the same polarity are applied, as it is known in the art SimNartv L„nl„ 

20 SSS^SS ?' ements in the summ5n9 drcuit 5 may be umzed ^^SSSSSsS^Sm 

chrom nance and luminance components. As an alternative, different means of obtaininq the delavln the 
delay lines 4 and 6 may be utilized, such as shift registers, instead of the random acces^ 
to obtain division by 3 of the samples in filter circuit 2, read only memories mav be ut»lZ ^n.tlw of th ' 
disclosed circuit elements implementing the approximation algorithm™ Ration (10 

Hereinbefore, examples of preferred embodiments of dropout compensators have been aVorih^ f„, 
compensating NTSC color television signals. As it will become appaTent t^ 

srp A f M bo f T nts cou,d , b \ adapted for drop °^ 

Kt'svttem; !S ^ amp e - the detai,ed circuit - * i 3a to t » L7X zsi 

fAL systems with the exception of the respective memory address generator circuits q »nri a Lr Z™*~tit~~ 
the respective delay Iines4and 6. The .after difference inThe circuit^ graSs is necessSed because of he 

£ N^cZ plYJvs^ms ^Pa'l Ch l 0 T a SUbCarri6r Si9nal freq " enc V t0 the hoS^nTCue^ 
s?g N na?^» 

results , n a higher number of clock cycles per one horizontal line period. Consequently, for PAL stands the 

o b0 r t me ? t,0ned ,- C,rCUFtS 4 ' 6 ' 8 and 9 ° f R9Ures 1 3a t0 13h have to be adapted to proems the hiX number 
of clock cyles per line to provide substantially the samejjmountof fixed delay asp ro v^dforNTCC s r a nTls 
Furmermore the clock signals indicated 10.7 MHz and iOTMHz in Figures 13 a to 13 'wn TbTreplfced bv 13 3 
MHz and 13.3 MHz, respectively. Similar changes would have to be made in circuit slPm-ntf^ V !? 

,1; k frequency that is an even multiple of the PAL (or other television signal) S subcarrier 
frequency may be employed. Figures 14 and 15 illustrate block diagrams of a PAL drooout £ 
which the PAL television signal is sampled at a frequency equal to fou^mes Se PA S? r Srrief 
freqeuncy. i.e., 17.72 MHz, and a filter circuit 2 is used that is adapted to procVss sue > Smoles ^rt,L - 
filter circuit of the type shown in Figure 6. Since the embodiment of JSSTfJSE 5 aSmifar to those 

^ondmc-r °°T P ° ?"? ,n *« Vari ° US embodimenraraTdentSed by 

H°ffl r f °? 9 1 Reference numerals and only those portions of Figures 14 and 15 will be described which are 
different from the previously described embodiments. uescriDeo wnicn are 

™«^ b °, dlm8nt ° f R9Ure 14 iS USefU ' f ° r com P en sating both PAL and PAL-M color television signals The 
bv P nh a If in h T'^ 8 c ° mP ° nent iS de,3Ved ° n consecutiv e «nes by a one-line delay dnX and looted 

6 \iv D ro^!?K r 1?', b0t . h ,a * er e,ements b6in 9 co "P'ed in the separated chrominance signa path *™ e 
d lay provided by delay line 4 is equal to one horizontal line period less the combined circuit defavs n 

taSZSKT"? h, ^ inV l f. rte : 4 °- The ° ne - ,ine de,a V mean * 6 provides a dJSSSSX 
horizontal line period less the combined circuit delays provided by filter 2 and addina rirrT.it R Th-.r ^ tK~ 
embodiment of Figure 14, the luminance component is'de.ayed bj essentia^ one 'ESS K period and 
the chrominance component by two horizontal line periods p od and 

sholvn^uTtable ToTpa^pV^T^ ^P*™* 0 !?™* accordance with the present invention is 
n,Z™?*'^ll l*J d AL " M SyStem a PP ,,catlo ns. The separated chrominance compon nt at the 

known £ tne 1 1 1*£ ^ T? V co,ordecoded b V decoder 42 into its u and v color component astt is 
known in the art. For example, if the sampling of the color television signal is done precisely alona the color 
subcamer component axis, alternative consecutive samples will represent the respective u and v 
components. The latter follows from the well known feature of PAL and PAL-M signals that the u and v 
components are quadrature-modulated onto the subcarrier thus having a phas^ Sre^^ $£££lr at 
65 i^Zn^T entW '^ en tne I sam P ,in 9 fre ^ency is equal to four times th 'cZ tZcaLeXn^ 
65 frequency and the sampling signal is in phase with the color subcarrier signal, the decoder 42 may be , 
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seDara ting alternative consecutive samples pertaining to the u and v 
implemented by a simple ^J^llVSted decoding technique is well known in the PAL or PAL-M 
components, respectively. The ^ b ^*^~ J^, by 9 a phaS e inverter 44. The separated u component 
systems. The separated ^2S2d*IIdS2 45, for example, by simply adding the two components u 
and inverted v component are com^neam aQ . js utilj2ed jn the separated u 5 

5 and (-v). To compensate for ^"^SSdfi^^ « 5 < to obtain the same am ° Unt ° f ^ ° f 

signal path, coupled between J'^^ft^^uISt idWon in adder 45. Similarly, delay circu.t 41 
the u and v components .npreparat, J" S^TSSSS*- output of filter 2 and input of adder 5 has a 
coupled in the separated luminance sig inai patn <nex d 45 jn the sepa rated chrominance signal 

delay equal to the «™ bi " ed chrominance and luminance signal paths, 10 

10 path to provide exactly the s*™?.™^ components in adder 5. 

Respectively inp^J £SSt chrominance and luminance signa, components are 

• de"^ 

The line-by-line one-quarter cycle offset resuj mg selectively adjusted in the PAL-type dropout 15 

15 subcarrier component during consecut^ 

. compensators of the present ^^^S^S, is achieved by applying an appropriate number of 
subsequent defective line ^^^^nd 6 of the various embodiments, and shifting the beginning of 

20 To illustrate this, Figures 16a and 1 16b naveal £eteUe ^ ^ ^ ^ a p 

generators for utilizat.cn m a^S. memory address generator circuit 109 shown ,n Figure 16a 

S'Tactsth^TSC^ 13d ' drCUit Sh ° Wn m 9Ure 

replaces the NTSC address generator 8 oi F Figure 1 3f. f h n 5 625 kHz PAL horizontal sync 25 

25 f n Figure 16a, a first signal C, of frequency s ;-'; h d a s t 4 S na ° | n c e 2 < of f repuen cy W that is, one-ha(f of the PAL 
frequency, is received by a flip-flop U I221 . A "J 0 ™ |£ 2 are frequency and phase 

horizontal syncfrequency » f^ U ^3Sv.Son signal received attermina. 10 in Figure 

locked to the standard PAL four hor.zc >ntal hne seq proceS sing circuit (not shown). These signals 

13a and they may be °* a,ne «*°™ a ^^ The W output signa. from flip-flop U221 is 

30 are Cocked by the "Hl^g^^^g^ latter flip-flops each receive an f H „ signal from 
fed via inverter U222 to both W\ops_ U224 ana ncy of the clock signa , 

flip-flop U223, which in turn is * J» freqeuncy 4.43 MHz. Flip-flops U224 and U225 

corresponds to three times input signals by two. Thus, the respective output 

above-described oper ati ion of ^j£jJ^ Mhot multivibra tor U226 which operates as a pulse > stretcher. 

An H-rate write pulse, f H , is ° y * ' ° pa\_ h/4 horizontal line sequence and is generated by the 

The write pulse is modulated ^J^^^^^Z be frequency and phase locked to signalsC, and 
aforementioned conventional PAL sync pro^ 

the counter U227 at the 2^^^?S!fuS are coupled to count 0 to 768 clock cycles atthe 

Memory address counters U229, uzju, u^o 1 <« generation of memory address signals A' 0 to 

13.3 MHz clock signal rate in a weM known mjgjj>*jjj ^ of random access memorie s of the 
45 A ' 7 and write and SS^SSS U236 and following clocked latches U237. U238 

» delay line 4 shown in Figure 13e A ^ j ;°" r . , and and rea d enable signals in the manner 
respond to the counters to PJ^^^SSE^S- in the memory address generator 9 illustrated 
described hereinbefore for the J^JJer cycle line-by-line adjustment is effected by counter 

- m Figure 1 3d. The aforementioned ^^^^nZrter U228 to counters U229, U230 and U231 and 
• 50 U227. The ^^^^^^S^Z^ signal of counter U227 is utilized to startthe 
via an additional flip-flop U233 to . oun *" horizontal line. Modulation of the output s.gnal of 

memory address counters atthe bee ginning ^ot eacn no beginning of each consecutive 

counter U227 by the f m signal from ^^^^SSL subcarrier cycle on consecutive horizontal 
horizontal line to obtain the .desired offset by on . |ine delay provide d by the delay line 4 in 

55 lines. The above-ment,onec 768 ' ^^^SK detail with respect to the block diagram of Rgure 8 
the chrominance signal pain as n . nas» u 

and detailed diagram of Figures 13a itc » dd generator circuit 108 of Figure 16b is similarto the 

As it is revealed by the drawings, ^^^^^SlZ output pulse from flip-flop U225 and the 
above-described circuit 109 of ^J,"^^^^^* 108. As it will become apparentfrom 
60 counter reset pulse from U226, are applied counter U227a of Figure , 6b „ similar to the 

comparing the circuits of Figures 16a a . Consequently, circuit 108 operates in a similar 

previously described °^J ion ^^lf^^er, he actual count provided by the memory address 
manner as the previously described crcuir 109 ■ H «^;™^ te ^ tof ^ inwXM .mamoriat of delay 

S5=t« 
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with respect to the different length of the one-line delay 6 in the recombined luminance and chrominance 
signal path, as it has been previously disclosed with respect to Figures 8 and 13a to 13h.Thus, the minor 
differences between the respective circuit diagrams of Figures 16a and 16b reflect the above-indicated 
variations. 

5 A PAL or PAL-M chrominance subcarrier signal has an incremental 90 degree phase shift on consecutive 
lines and has an opposite phase on every other line. Consequently, a PAL or PAL-M signal has an identical 
phase on every fourth line. To achieve a proper phase of the dropout compensation signal for PAL or PAL-M 
signals, the separated chrominance component may be delayed by one horizontal line period and inverted 
on consecutive lines or, instead, the separated chrominance component may be decoded into u and v 

10 components and the v component subsequently inverted on consecutive lines to achieve vertical alignment 
of samples of the dropout compensation signal. 

With respect to variations of the various embodiments of the present invention, it should be apparent that 
instead of coupling the input of the dropout compensator circuit 25 to output 14 of switch 1, as shown in 
Figures 12, 14 and 1 5 it may be coupled to input 1 1, of switch 1, similarly as shown in Figure 9. Furthermore, 

15 in the embodiments of the invention shown in Figures 12, 14 and 15 a sampling frequency equal to four 

times the color subcarrier frequency is used. Therefore, it is advantageous to utilize the embodiment of filter 
2 shown in Figure 2. This advantage follows from the fact that the filter of Figure 2 provides a weighted 
average sample value of the color television signal taken from an odd numbr of samples thus eliminating 
phase displacement of the average samples by one-half sampling period with respect to the originally 

20 received samples, as it has been disclosed previously in detail. However, the embodiment of filter 2 shown in 
Figure 6, providing an average sample value taken from an even number of consecutive samples could be 
used as well. 

While the invention has been shown and described with particular reference to preferred and alternative 
embodiments thereof, it will be understood that variations and modifications in form and details may be 
25 made therein without departing from the spirit and scope of the invention as defined in the appended claims. 

CLAIMS 



1 . A system for providing dropout compensation of a digitally encoded composite signal having 
30 recurrent intervals of similar information content and including a periodic signal component of a known 30 
frequency equal to a non-integral rational number multiple of the frequency of said recurrent intervals, said 
periodic signal having a known predetermined phase during each consecutive recurrent interval and being 
symmetrical with respect to a signal crossing axis, the encoded composite signal comprising consecutive 
digital representations corresponding to discrete amplitude values thereof provided at a frequency equal to 
35 a rational number multiple of said periodic signal frequency and in a frequency and phase-locked 35 
relationship thereto, said rational number multiple frequency being greater than twice the frequency of the 
highest frequency component of the composite signal, said system comprising in combination: 

a first means coupled to receive and store said consecutive digital representations and to successively 
provide an average value output signal by arithmetically combining a given number of consecutive digital 
40 representations defining a zero average value of said periodic signal component; 40 
a second means having a first input coupled to receive said consecutive dig ita 1'representations of said 
composite signal and a second input coupled to receive said output signal of said first means to provide a 
difference signal; 

a third means coupled to receive said difference signal and adjust it to have a phase corresponding to said 
45 known predetermined phase of said periodic signal component during that recurrent interval for which the 45 
drop ut compensation is provided. 

a fourth means having a first input coupled to receive said phase-adjusted difference signal and a second 
input coupled to receive the output signal of said first means to recombine said received signals into a 
composite signal form; 

50 a fifth means coupled to provide a delay of the composite signal components for a period of time 50 
substantially equal to said recurrent interval of said composite signal and 

a sixth means having a first input coupled to receive said composite signal and a second input coupled to 
receive said delayed recombined composite signal, said sixth means responsive to a control signal to 
selectively provide an output composite signal from one of the signals coupled to its first and second inputs, 

55 respectively. 

2. The system of Claim 1 wherein said first means is coupled to arithmetically combine an integral 
number of consecutive digital representations defining a time interval equal to an integral number of cycles 
of said periodic signal component. 

3. The system of Claim 1 wherein said first means comprises means for weighting said consecutive 
60 digital representations in accordance with selected weighting coefficients and means for providing a 

weighted average value output signal by arithmetically combining a given number of said weighted 
consecutive digital representations defining said zero average value. 

4. The system of Claim 1 wherein said composite signal is a color television signal comprising a 
luminance and a chrominance signal component, said recurrent intervals are horizontal line intervals, said 

65 periodic signal is a color subcarrier signal representative of said chrominance signal component, said color 
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• • ■ , H»in a encoded into consecutive data obtained by sampling at a clock signal frequency equal 
television signal being encoded m f freque ncy utilizing a sampling s.gnal wh ich is 

to a rauonal ""^7^ subcarrier signal, and wherein: 

frequency and P nase -'° C £^ and store said consecutive data at said clock signal frequency, said 

said first means ■ ^"^JJJSS'i^. is representative of a separated luminance component, said 
5 average value otrtput s. gna I of *™ known fixed number of clock sign al cycles; 

*£S :ZZZ Z* P™«e* 5 «W second means is representative of a separated chrominance 
component; fe ^ faetween an input of said first mea ns and said first input of said 

• ^'Xt SSSpiSS Ka^SAponen. .o Combine said received components ,mo a W 

1 5 signal form; j:* s «„oi m P ans couoled to delay both said luminance and 

. said fifth means comprises 

chrominance s.gnal ^^^XSSSSn signal, less a circuit delay provided by said first means; and 
horizontal l.ne period ^^^^^^l^noM said color television signal and at its second input 
said sixth means is '^ nance component delayed by one horizontal line 

^ by two horizontal line periods re,ative to sa re 

encoded color tele ^n^nal ^ ^ ^ ^ fourth means jdes , circuit 

5. The system of Clairn > , respectively, said third means providing a one 
delay aqua to ^"^'^^ de ay provided by said second means and said fifth means provides a 
horizontal l.ne delay less said * delays provided by said first and fourth means, respectively, 
one horizontal «~ ^ J^^^^XSllY encoded composite color television signal 

6. A system and * a chrominance component, said chrominance component 
comprising a luminance «mi»nBni» nu f the encoded color television s.gnal compnsing 
including a color subcarrier sgnal * aknowr ^"ency ™ jd djstinct amp , itud e values being 
consecutive data corresponding to. .st.nct ^^^^fc^^Spi. of said subcarrier signal frequency, 
provided ataclocksigna r^ 

ZS^SSSS^S^ said 9 c.ock signa. being frequency and phase-locked to said 

subcarrier *9" a ^™^^^ said consecutive data at said Cock signal frequency, to store 

a signal averaging means coupieoio r& successively provide an average value 

said data for a predetermined ^ "^^^^ ^^^L^ data defining a zero average value 

luminance com P onent: moanQ havina a first input coupled to receive said consecutive data and a second 40 
inpJt'c^ s *" al avera9in9 meanSf ° r Pr ° Vidin9 3 differenCeS,9na ' 

represenative of a * re ^^S™^S2 signal provided by said differencing meansfor 

a first delay means coupled to receive sa.d_ ^erence s 8 P television signal; 

providing a delay ^ 

45 a ^ .«^'5 | SS^!?iS5. an output signa. of said signal averaging means, for combining 
. chrominan^ 

50 a switching ^eans havmg^ f flayed color television signal, said switching means responsive to 

T^J^SSXSfiS^ output coior television signa. from one of the signals coupled to its 

fi T a r^o« 

fi^be^ SO 
60 defining one honzontel I me f^^SSL combining means provides a circuit delay equal to a known 
9. ^^.^^^SSSSdrtay means providing a delay equal to a number of clock cycles 

ZXZ^&E^Z^ combined circuit de,aYS provided bY said si9 avera9,n9 

65 a ^ Slg Tne C s^em ^N^or te.evision signa. dropout compensation, wherein one 
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horizontal line period is defined by a non-integral rational number of clock cycles, and wherein- 
said first and second delay m ans are resp ctively coupled to provide during consecutive horizontal line 

periods predetermined alternative complementary delays, each delay corresponding respectively to a higher 

and lower integral number of clock cycles closest to said non-integral rational number of clock cycles said 
5 complementary delays corresponding to a total amount of delay equal to two horizontal line periods 'each of K 

said delay means providing within a given number of consecutive lines an average amount of delay equal to 

said non-integral number of clock cycles defining one horizontal line period. 
11. The system of Claim 6 for PAL or PAL-M color television signal dropout compensation, wherein one 

horizontal line period is defined by a non-integral rational number of clock cycles and the phase of said color 
10 subcarrier signal sequentially changes by equal 90 degree increments with respecttothe beginning of each m 

consecutive horizontaMine interval, and wherein: w 10 

said first and second delay means are coupled to provide respective delays each equal to a predetermined 

fixed integral number of clock cycles during consecutive horizontal line periods, and to provide during each 

horizontal line period a total delay equal to two horizontal line periods; 4 
15 wherein means are provided for repositioning in time the beginning of the delay provided during each 

consecutive horizontal line period by a number of clock cycles corresponding to the 90 degree phase 

increment of said color subcarrier signal; and 
wherein each of said delay means provided within a given number of consecutive lines an average amount 

of delay equal to said non-integral number of clock cycles defining one horizontal line period. 
20 12. The system of Claim 10 or 1 1 wherein: 

said signal averaging means provides a circuit delay equal to a known fixed number of clock cycles; 
a compensating delay means is coupled between an input of the signal averaging means and said first 

input of said signal differencing means to provide a delay equal to that provided by said signal averaqina 

means; and s y 

25 said second delay means provides said delay diminished by the circuit delay of said signal averaqina 
means. a 

13. The system of Claim 12 wherein: 

at least one of said signal differencing means and signal recombining means provides a circuit delay equal 
to a known fixed number of clock cycles, respectively; 
30 the first delay means provides said delay diminished by the circuit delay of the signal differencing means; 30 
and " ~ ' u 

the second delay means provides said delay diminished by the combined circuit delays of said signal 
averaging means and said signal recombining means, respectively. 

14. The system of Claim 6 wherein said signal averaging means is coupled to arithmetically combine an 

35 integral number of consecutive digital data defining a time interval equal to an integral number of cycles of 3c 
said subcarrier component. ~ * D 

15. The system of Claim 6 wherein said averaging means comprises means for weighting said received 
digital data in accordance with selected weighting coefficients and means for providing a weighted average 
value output signal by arithmetically combining a given number of said weighted consecutive digital 

40 representations defining said zero average value. 

16. The system of Claim 6 wherein said input of said signal averaging means is coupled to an output of 
said switching means. 

17. Thesystem of Claim 6 wherein said input of said signal averaging means is coupled to the first input 
of said switching means. 

45 18. The system of Claim 16 or 17 wherein said second delay means is coupled in the color television 
signal path between an output of said signal recombining means and said second input of said switchinq 
means. y 

19. The system of Claim 16 or 17 wherein said second delay means is coupled in the color television 
signal path connecting said switching means to said input of said signal averaging means. 

50 20. The system of Claim 16 or 17 wherein one said second delay means is coupled in the separated 50 
luminance signal path between an output of said averaging means and said second input of said signal 
recombining means, and another second delay means is coupled in the separated chrominance signal path 
between an output of said signal differencing means and said first input of said signal recombining means 
21. In a system for providing dropout compensation for a digitally encoded composite color television " 

55 signal comprising a luminance component and a chrominance component, said chrominance component 55 
including a color subcarrier signal of a frequency equal to a non-integral rational number multiple of the 
horizontal line frequency, said subcarrier signal having a known predetermined phase during each 
consecutive horizontal line interval of said color television signal, said color television signal being encoded 
into consecutive digital data by sampling at a frequency equal to an even integral multiple of the subcarrier 

60 component frequency, said even integral multiple frequency being greater than twice the frequency of the 60 
highest frequency component of the composite signal, the combination comprising: 

a signal averaging means coupled to receive said consecutive digital data and to store said data for a 
predetermined number of clock cycles to successively provide an average value output signal by 
arithmetically combining a given number selected nes of consecutive data defining a zero average value of 

65 said subcarrier component, said average valu output signal being representative of a separated luminance 65 
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component; means nav j ng a first input coupled to receive said consecutive data and a second 

inpTcCu^ ° f said signa ' avera9in9 meanSf ° r Pr ° Vidin9 " differencesi « nal 

TTas^d?^^^ 

5 known pr^eteSed subcarrier signal phase during the consecutive horizontal line mterva.s dunng which 
the dropout ™™%™«™J*£^ga first input coupled to receive said phase-adjusted difference signal 
an 7'Te^ 

- re a p d e ~ 

a switching means ha ving ^ t rsi p w ^ swjtching means responsive to 

^n't^ signal corresponding to one of the signals coupied to its first 

and second inputs, ^ P^ly m ^ sjgna| averaging means jses for weighting said 

22. \he system oT^» selected weighting coefficients and means for providing a weighted 

consecutive data n accordance' T 1 "^ combining a given odd integral number of selected ones of the 
average value J^^Jj J n^ald zem average value, each said weighted average value output signal 
propel ^XnslZZZ means corresponding to a data occurring in the middle of each said 

"ST Th^em ^alm^Ssa^Sid averaging means is coupled to an output of said 
switching means . , , d ut compe nsator suitable for use in NTSC, PAL or PAL-M 

2 f • Li^onLrrete^ented ^consecutive data obtained by sampling at a clock signal frequency equal 
systems, said signal Resented ^ DY ubcarrier signa , frequency, said integral multiple frequency being greater 
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rregTteTmeansfor receiving and storing said consecutive data in synchronism with said clock signal 

^Saveraainq means coupled to said register means for successively providing an average data value 
a signal averaging I «"» » , ber of conseC utive data defining an integral number of 

%E2£^ nln ouSSSgna. representative of a separated .uminance component, said 

subcarner cycles ; to o known number of clock cycleS ; 

averaging ^f^^"^^Z, lng a J st fnput coupled to receive said consecutive data and a second 

• a ?"u^e?toreS . „ , 

ZTes^e olTsTpVsL chrominance component, said differencing means provd.no a crcu.t delay 

input of said signal averaging r ans and said first input of the 

a first delay means ™ v • provided by the signal averaging means; 

difference signal for providing a delay equal to a number of 

said differencing . ™ans; ^ an Qutput sjgna| of sajd secQnd de|ay 

45 a s.gnal »mbining mean W P J , , of sgjd si a , ave ra 9 ing means, for 

" ™r^ 

m Th S ddetv n meVns C o^^^ 
a third delay ^""^P'!?, J ^corresponding to a number of clock cycles defining one horizontal hne 

50 said ^ | wtrt ^ l ^S^ | ^^^3^ P b y said averaging and combining means, respectively; and 
period less a fi rst input coupled to receive said color television signal and a second input 

asw,tch,ng imeans J^W™ np nd de(a P d color television signal, said switching means responsive to 
V^^^^SSSS^l an output color television signa. from one of the signals coupled to ,ts 

S5 «^^2Sy3SS3£,, dropout compensator circuit suitable for use in NTSC, PAL, or PAL-M, 
JLs wnere Z television signal is encoded into consecutive digital data by samphng at a frequency 
equaltoWeetirnes^^ 

60 coZZ^^o^Z^ns^ve data defining one subcarrier signa. cycle, said averag output 

si9 m^ s ;^ 

• me , r:^SZI. nr « sinnal corresponding to a s parated chrominance component; 
" rn^T^^^^ ^ nal Substantially one horizontal line period of the color 

65 television signal to provide a one lin d layed chrominanc component; 
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means coupled to combine said average value output signal and said delayed difference signal into a 
composite color television signal form; 

means coupled to delay both the chrominance and luminance component of the color television signal 
processed by said circuit by substantially one horizontal line period to provide a dropout compensation 
5 signal having its luminance component delayed by one horizontal line period and its chrominance 
component by two horizontal line periods; and 

means having separate respective inputs coupled to receive said color television signal and said dropout 
compensation signal respectively, said means being responsive to a control signal to selectively provide an 
output signal corresponding to one of its input signals. 
10 26. A digital color television dropout compensation circuit suitable for use in NTSC r PAL or PAL-M 
systems, wherein the television signal comprises a color subcarrier component having a known 
predetermined phase with respect to the beginning of each consecutive horizontal line interval and wherein 
the television signal is encoded into consecutive digital data by sampling at a frequency equal to fourtimes 
the color subcarrier signal frequency, comprising : 
15 means coupled to receive said consecutive data and to provide a weighted average value output signal by 

continuously combining three alternate ones of five consecutive data with the first and fifth data weighted by , 
a factor of one-half and the third data -unweighted, respectively, said weighted average value output signal 
corresponding to a separated luminance component; 

means coupled to provide a difference signal of said color television signal and said weighted average 
20 value output signal, said difference signal corresponding to a separated chrominance component; 2 0 

means coupled to adjust said difference signal to have its phase corresponding to said known 
predetermined subcarrier signal phase with respect to the beginning of that horizontal line interval for which 
the dropout compensation is provided, to provide a phase-adjusted chrominance component; 

means coupled to combine said phase-adjusted difference signal and said weighted average value output 
25 signal into a composite color television signal form; ~ 25 

means coupled to delay both the chrominance and luminance component of the color television signal 
processed by said circuit by substantially one horizontal line period to provide a dropout compensation 
signal; and 

means having separated respective inputs coupled to receive said color television signal and said dropout 
30 compensation signal, respectively, said means being responsive to a control signal to selectively provide an 30 
output signal corresponding to one of its input signals. 

27. A digital filter circuit for processing a digitally encoded composite signal having a periodic signal 
component of a known frequency and symmetrical with respect to a signal crossing axis, the encoded 
composite signal comprising consecutive digital representations corresponding to discrete amplitude values 
35 thereof provided at a frequency equal to a rational number multiple of said periodic signal frequency and in a 35 
frequency and phase-locked relationship to said periodic signal, said rational number multiple frequency 
being greater than twice the frequency of the highest frequency component of the composite signal, 
comprising in combination: 
a first means coupled to receive and store said consecutive digital representations of said composite 
40 signal; and ^ 
a second means coupled to said first means for arithmetically combining a given number of consecutive 
digital representations defining a zero average value of said periodic signal component, to provide an 
average value output signal representative of said digitally encoded composite signal from which the 
periodic signal component is eliminated. 
45 28. The circuit of Claim 27 wherein said second means is coupled to arithmetically combine an integral 45 
number of consecutive digital representations defining a time interval equal to an integral number of cycles 
of said periodic signal component. 

29. The circuit of Claim 27 wherein said second means is coupled to arithmetically combine an odd 
integral number of consecutive digital representations and wherein each average value output signal 

50 provided by said second means corresponds to a digital representation occurring in the middle of each given 50 
number of consecutive digital representations taken for averaging. 

30. The circuit of Claim 27 wherein said second means comprises means for weighting said consecutive 
digital representations in accordance with selected weighting coefficients and means for providing a 
weighted average value output signal by arithmetically combining a given number of said weighted 

55 consecutive digital representations defining said zero average value. 55 

31. The circuit of Claim 30 wherein said discrete amplitude values of said composite signal are provided 
at a frequency equal to an even integral number multiple of said periodic signal frequency and said means 
for providing said weighted av rage value output signal is coupled to arithmetically combine a given odd 
integral number of selected ones of said weighted consecutive digital representations defining said zero 

60 average value, each said weighted average value output signal provided by said second means 60 
corr sponding to a digital representation occurring in the middle of each said number of consecutive digital 
representations taken for averaging. 

32. A digital filter circuit for eliminating a chrominance subcarrier signal component from a composite 
color television signal, said color television signal being encoded into consecutive digital representations by 

65 sampling at a frequency equal to a rational number multiple of said subcarrier signal frequency, utilizing a 65 
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• a . «,h,rh is f reauency and phase-locked to the subcarrier signal, said rational number multiple 

ntst^a^^ 

5 ooSnlaTern 0 ;^ 

subcarrier signal component g rjses regjster means f or rece h,ing 

33. The f .Iter circuit 2, 0 ^2Ltl on , ,„ synchronization with a known clock signal and 

and T^^SS^^SSS^^ and dividin 9 means for "Wm-S"!* comblnmg said g.ven 
10 wherein said second ^^^"LTreDresentations in synchronization with said clock signal. 

15 equal to an integral ^^^^^^^i means is coupled to provide said average value by 
. 35. The filter circuit of Claim 32 wnerein saia seco „ . , representa tions and wherein 

arithrneticauycombiningagiveno^ 

each average value output signal prov una °Y« consec utive representations taken for averaging, 
occurring in the middle of each said given numbe J"^Sbcarrler signal component from a digitally 
20 36. Adigitalfiltercircu.tfore.m.nat^ 

encod d composite, ^^^S^^JSSS^ signal component, said even Integra, 
equal to an even mteg ral mult.ple **^ ftef £ ^ of the highest frequency component of the 

rrn?os~ 

25 Tf^ttlanscoupledto^ 

a second means «u ed *£>d firs means or weig , ^ ^ ^ ^ ^ by 

C T C T^e e ctSt^ the sampiing frequency is equa. to four times the subcarrier signa. 

frequency, and wherein: nrovide sa jd weighted average data value by arithmetically combining 

one-half and the third data u^B*** se iected periodic signal components from a digitally 

38. A digital comb filter c.rcu.t ^'^^"8 se^^no g m rf g known 

encoded composite signal said s^.^ said selected signal components 

40 frequency and higher and lower ord J ,Sdencod6d composite signa. comprising 

being symmetrical with respect to a signal < mmg w m ^ sa, provided at a 

c nsecutive digital ™P«^^SI i iS basTc?erioTic signal frequency and in a frequency and 
frequency equal to a rational ""^"^SfesSnal said rational number multiple frequency being 

* Tflrstmeans coupled to receive and store said consecutive digital representations of the composite signa.; 

and t . + oIW firet m( , an <! to successively provide an average value output signal by 

. a second means coupled to "'^^^^f^SawXe digital representations defining a zero 
50 arithmetically combining a g.ven integral number of ~"«J^^Jv* P ual to an integ ral number of 

average value of said ^^.^X^S^^ "eing eliminated by said comb 

nChatnS 

consecutive digital = 55 
55 39. In a system for Posing a i digita .y crossing axis, said composite signal 

of a known frequency and SY«™ett.cal ^ ™ JJ£££S, ng to discret e amplitude values thereof provided 
comprising consecutive digital r P«se^ntations^ cor ^° na ^ n ? , , frequency and in a frequency and 

phase-locked relationsnip inerexu, aoi comoosite signal, a comb nation comprising: 60 

60 frequency of the highestfrequen^ 

a first means coupled to re cewe ^ore^ ^SerfvSy pr0 v ide an average value utput signal by 
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a third means having a first input coupled to receive said output signal of said second mean* a „n * «, . 

input coupied to receive said consecutive digital representation's of said SSSSX^SSr^ 
difference signal representative of said periodic signal component. proviae a 

5 40. In a system as defined in Claim 39 for separating a luminance and a chrominance sionai 

SSI?'* enC ° ded rTT* C t ° , 1 ° rte,evision si «> na, < said P^odic signal SSSSSSSSJK * 
color subeamer signal, said color telev.s.on signal being encoded into consecutive digital data by samolina 
at a clock s,gnal frequency equal to a rational number multiple of said color subcarrier signal freaueS 
ut.hz.ng a sampling signal which is frequency and phase-locked to the subcarrier signal where? r 
10 sig^SuencyT C ° mPnSeS re9 ' Ster meanS for receivin 9 and storin 9 «« consecutive data at a said clock 10 
said second means comprises adding and dividing means for arithmetically combining said given number 
of consecutive data definmg a zero average value of said color subcarrier signal in synch?on i Z auo?wSd 

15 co^onemi and ^ ^ ^ m~£!SE? ' 

said third means is coupled to provide said difference signal in synchronization with said clock signal said 15 
difference signal representing said separated chrominance component 
41 The apparatus of Claim 40 wherein said second means provides a circuit delay equal to a known fixed 
on ZTH. h cycles, sa.d apparatus further comprising a fixed delay means coupled between an Zrt of 

Scond means 63 " 8 a ° ** " l ° com P ensate for sa i d delay provided by saW 20 

42. A method for processing a composite signal comprising a periodic signal component of a known 
frequency and symmetrical with respectto a signal crossing axis, said composite signal being encoded in 
the form of consecutive digital representations by sampling at a frequency equal to a rational number 

25 multiple frequency of sa.d known periodic signal, said rational number multiple frequency ^einq^reater 
than twice the frequency of the highest frequency component of the composite signa'comprismgSe steps 

receiving and storing consecutive digital representations of said composite signal- and 
arithmetically combining a given number of consecutive digital representations which define a zero 
30 average value of the periodic signal component to provide an average value output signal repressive of 
the digital composite signal from which the periodic signal component is eliminated re P resentat,ve ■<* 

43. The method of Claim 42 wherein the step of arithmetically combining includes combining a oiven 
integral number of consecutive digital representations which define a time interval equal to LnSeqral 
number of cycles of the periodic signal component. an integral 

35 * J?' T th °. d ° f ?' aim 42 Wh6 - rein thS *** ° f aritnm etically combining further comprises weighting 
sa.d consecutive digital representations in accordance with selelcted weighting coefficients anriV-nrnhLiL 
given number of weighted consecutive digits, representations defining sl^r^gev^e ° * 

ciof;. JJ ^ methodof C ' aim ^wherein the sampling frequency is an even integral multiple of the periodic 

40 number of selected ones of sa.d weighted consecutive digital representations defining said zero averaae *r 

mlSfJK HH Vera9e H Va,U Z ° UtPUt S, ' 9na ' corres P° nd '"9 to a digital represen?ation occuM ng?n the " 

middle of each said odd number of consecutive digital representations taken for averaging 

46 A method of digitally separating the chrominance and luminance component of a digital comoosite 
color television signal represented by consecutive data obtained by sampling at a frequency equate a 
45 rat,ona multiple frequency of the color subcarrier component, utilizing a sampling sig^a"^iWa„d 

phase-locked to the subcarrier signal, said rational number multiple frequent 'befng greater tha JS ce the * 
frequency of the highest frequency component of the composite signal, comprising the steps of ? 
thereo?'" 9 St ° nn9 COnsecutive data in Preparation for subsequent arithmetical combination 

50 arithmetically combining successively a given number of consecutive data which define a zero averaoe ™ 
value of the co or subcarrier component to provide an average data value output signal represents the 
separated luminance component; and ■ presenting me 

subtracting the obtained average data value output signal from said digital composite color television 
signal to obta.n a difference signal representing the separated chrominance component 

55 thS tim« £! th °. d ° f ^ 46 ^ her8i ? thB consecutive data i a obtained by sampling at a frequency equal to 55 
2£I > cobr subcarrier signal frequency, and wherein the step of arithmetically combining includes 
successively combining three consecutive data to provide said average data value output signal each 
obtained average data corresponds to that data which occurs in the middle of the three consecutive data 
48 The method of Claim 46 wherein the consecutive data is obtained by sampling at a freque^eoual to 
60 four times the color subcarrier signal frequency, and wherein the step of arithmetically combSSSes 6 n 
successively combining three alternate ones of five consecutive data, with the first and fifth data weSted 
obtaintn th ! t t h ' rd d3ta unw f^ ted ' ^ Provide a weighted average data value output signatea h 

obtained average data corresponding to a data occurring in the middle of said five consecutive data 
49. A digital filter circuit for processing a digital signal representing a composite signal havino asional 
65 component of a known frequency, the digital signal comprising consecutive digital ^eV^er^at 65 
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■ ♦ ^tinnal number multiple of said known frequency and in a frequency and phase 

two times said known *™" e ™ ^compris '"^ sajd number mu|tiple frequency for 

first means responsive to a clock ^ 

5 a ^ n r^ di9ita ' Va ' Ue re P reSentati ° nS reC8iV6d bV ^ f ' rSt ^"^ 

and fi meansfor arithmetically combining each received digital value 

second means coupled to said™* se | ec ted ones of said received digital value representations 
representation with a sele^ 
10 to generate m place of sa.d each re^vea g vglue represe ntations that is productive of a 

fero'ave^^ of "id SSSZSSR combined digital value representations corresponding to said 

- signal component of a known frequency. wnerejn t he digital signal represents an analog 

50. The ^^^^^ a t ^SS^^ convener means coupled to receive the analog 
15 composite signa and f"™er compi g f or converting the received composite s.gnal to the 

• composite signal and responsive to a ^°^. n :' of tne clock signa |, and a clock signal generator 
consecutive digital value ^J^^ J^^K^ contained in the composite signal for 

^enTa^r^ 

20 '! a, r y p st^ 

similar information to rep ^S^KSSSK a signal component of a known frequency equal 
different recurrent ™ e ™> 5 -™*;^ safd recurrent intervals and having a known 

to a non-integral rational signal comprising consecutive digital value 

25 nominal phase during each recurrent^ '"^rvai.i v multiple of said known frequency and ina 

beTng gre'aterth'an two -^^^l^^^Ti- -tiona, number multiple frequency for 
first means responsive to a c^ representations and arithmetically combining 

30 receiving at an input each of sa ' d ^.°^^ other selected ones of said received digital 

said each digital received digital value representation a further digita. 

value representations to generate i in | w arithmetically combined digital value 

value, representation of ^ 

representations that , •P^^^S^SSonant a known frequency; . 
35 representation corres P°" d '7*°t a e saic consecutive digital value representations of said composite s.gnal 
second means coupled to receive ° L said first means to provide a digital difference 

and saidfurther digital ^^TSZrS rt^Z digita. value representation and eachfurther 

value r «P resentatlon o ^^ place of said each received digital value representation; 

digital value representation 9 e . nera 2f ri a n ^ difference value representation for adjusting its phase to 
40 third means coupled to ^^""^Sl^ *rk£ the recurrent interval to be replaced by a 

correspond to the nommah ^^JK£J3d digital difference value representation; 

dropout compensation »mpo»tt » ^J^™^ d ? ital diffe rence value representation and each 

JTdig 6 ^ 

45 compensation composite s ignalj at an output, means between sajd in p Utand out put 

^ntiaTequaUothe recurrent interval ^ 
- sixth means coupled to recerve sa.d ^^^JSSofSw^t portions in the composite signal to 50 
50 and responsive to a contro I sign* ^^^J^SSIid sixth means responsive to said control 

selectively provide at an output one of ^^^ ai ^^ ate signa | at said output when said control 

signal to oro^ 

signal is indicative of the occurrence o _ a ° £ occurrence of a deficient portion. 

the absence of said contro s^ nal bem g "^ve of the o ^ representations formi ng 55 

55 thfdVopTS 

composite signal provided by the r ^ a " s . he cornpos i te signal is a color television signal and the 

53. The system according to Claim 51 wherein the co ^ p ° 9 ent includjng a color burst synchronizing 
signal component o^ 
60 portion occurring atthe b g nmng o a rep resentation is a first adjustable delay meansfor 

adjusting the phase o f the d.g.tal ° ,fterence ; £ r gn jnterva| subst antially equal to one r current 
delaying the digital differ nc va,ue / a P^ a 7 aT '° n QCCUrre atthe input of the first means of the portion of 
interval of the colortelev-sion ^r^^^^SS^L representation was obtained, the 
the colortelevision sign = ^ „ a second adjustabl e 65 
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fifth means 
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delay means, and said first and second adjustable delay m ans responsive to said clock signal in 
synchronism with said rational multiple frequency for synchronously adjusting the delay provided by each 
of the delay mea ns during alternate recurrent intervals by an interval equal to one clock signal cycle. 

54. A method of processing a digital signal representing a composite signal having a plurality of signal 
5 components one of which is of a known frequency, the digital signal comprising consecutive digital value 
representations at a frequency equal to a rational number multiple of said known frequency and in a 
frequency and phase locked relationship to said one signal component of a known frequency, said rational 
number multiple frequency being greater than two times said known frequency, the steps comprising: 

transmitting consecutive digital value representations through a digital signal transmission path at a rate 
10 corresponding to and synchronous with said rational number multiple frequency, said transmission path of 
a length equal to an interval defined by at least three consecutive digital value representations; 

combining each digital value representation transmitted through the digital signal transmission path with 
a selected number of other selected ones of said digital value representations being transmitted through 
said digital signal transmission path to generate in place of said each digital value representation a further 
15 digital value representation of the summation of the values of said combined digital value representations 
that is productive of a zero summed value of a portion of said combined digital value representations 
corresponding to said signal component of a known frequency; and 

weighting each further digital value representation to obtain an output digital value representation of the 
average of the values represented by the combined digital value representations. 
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